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(ABSTRACT)

The wireless communications industry has experienced tremendous growth worldwide
in the past decade. Numerous cellular communication systems have been developed to meet
this need. In North America, AMPS, IS-54, IS-95 and GSM are the most popular cellular
systems ruling the market. In developing nations, Wireless Local Loop (WLL) services will
be in great demand in the coming years. While some service providers may adapt existing
cellular standards to this application, WLL does not require the support for mobility which
is available in a full cellular system. As a result, substantial cost savings may be obtained
through dedicated WLL implementations.

In this thesis, a new wireless communication system is investigated. The system com-
bines the low cost and flexibility of analog frequency modulation with the capacity and
multipath advantages of a Code Division Multiple Access (CDMA) system. This system
aims to provide WLL telephone services at low cost, with wireline grade voice quality, fast
infrastructure deployment and ease of planning.

In this thesis, a theory for FM/CDMA system performance is established. Closed form
analytical expressions of signal to multiple access interference ratio are obtained using both
upper bounds and lower bounds. The hybrid system is also optimized for the optimum
combination of modulation index and processing gain. In addition, a software test-bed
is developed to model different FM demodulation schemes, evaluate the tradeoff of FM
modulation index versus CDMA processing gain and the system robustness, compare the

forward link and the reverse link system performance and investigate the effect of power

control schemes.
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Chapter 1

Introduction

Thirteen years after the first commercial deployment of a cellular telephone network
in Chicago, wireless communication services are undergoing rapid growth. The number
of subscribers is climbing at a rate as high as 50% each year [Mei96]. Recently, 89 PCS
providers bid a total of $10.2 billion dollars in the C block Personal Communication Services
(PCS) license auction and will spend even more on PCS infrastructure deployment [Mey96].
These astonishing figures give only a glimpse of the growing trends in the wireless industry.

While cellular and PCS service have garnered most of the attention in the U.S. market,
Wireless Local Loop (WLL) service will be a key contribution of the wireless industry to
developing nations [Cla95][Cox86][Hau94]. WLL will likely provide a low cost means of
telephone service to areas without installed copper wire bases. WLL systems share many
common features with cellular telephone services. The chief difference is that WLL systems
need not support user mobility. This chapter gives an overview of the cellular concept,

cellular communication systems and the purpose of the research presented in this thesis.

1.1 Cellular Concept

Unlike wireline telephone or data networks, cellular systems provide service through
a wireless link to achieve an end-to-end connection. The signal is carried by an elec-
tromagnetic wave which is attenuated by about 40 dB as the distance travelled doubles
[Oku68][Hat90]. Because of this attenuated propagation characteristic, the signal will be
confined within a desired area, called a cell, if the transmitted power and the processing

of the received signal are properly designed. This allows reuse of limited communication
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resources such as frequency spectrum or code sets throughout a service area by covering it
with a number of carefully designed cells [Mac79]. In each cell, a base station communicates
with the mobile users through an air interface protocol. When a mobile travels from one
cell to another, service is switched and handled by another base station without interrup-
tion. The base stations are connected to the Mobile Switching Centers (MSC) via a leased
wireline or a microwave link. The MSCs are responsible for roaming, routing, switching
and other network management. Different MSCs are connected via the Public Switched

Telephone Network (PSTN) by the common channel signaling protocol Signaling System 7
(SS7) [Mod92].

1.2 Cellular Communication Systems

Based on this cellular concept, different air interface protocols have been proposed and
implemented throughout the world. In North America, three major cellular standards are
used in the growing market.

The Advanced Mobile Phone System (AMPS), the first generation cellular system was
developed by Bell Labs in late 1970s [You79)]. It uses analog Frequency Modulation (FM)
with a channel occupancy of 30 kHz. A total of 50 MHz of spectrum in the 824-894 MHz
range is allocated between dual carriers in each geographic area. The basic principles of the
AMPS are as follows. The baseband voice is first processed by a 2:1 dB compander. Then
it is passed through a pre-emphasis filter with a 6 dB/octave highpass frequency response
slope between 300 Hz and 3 kHz. A deviation limiter follows to ensure the maximum
frequency deviation will not exceed +12 kHz. A post deviation limiter filter is used to
attenuate high frequency components to reduce energy bled over to the adjacent channels.
Frequency modulation with an IF channel bandwidth of 30 kHz is employed. To ensure
voice quality, the SNR should be greater than 18 dB. Because the AMPS system has been
optimized for voice transmission, many similar FM standards have been developed, and we

will show that the FM portion of our WLL system makes use of a similar set of parameters.
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The Electronics Industry Association (EIA) Intermediate Standard 54 (IS-54), also re-
ferred to as Digital AMPS (D-AMPS), is a second generation wireless standard coming into
use in early 1993. It has been supported and promoted by AT&T Wireless due to its similar
channel assignment system. In D-AMPS, analog voice is converted into digital format to
incorporate powerful speech coding, channel coding and interleaving to enhance capacity
and voice quality. A D-AMPS frequency channel is 30 kHz wide and is shared by 3 users
using a Time Division Multiple Access (TDMA) scheme. Therefore, the D-AMPS system
achieves three time as much gross system capacity as the AMPS system. The gross bit rate
of D-AMPS system is 48.6 Kbps. In order to accommodate it into a 30 kHz channel, 7/4-
Differential Quadrature Phase Shift Keying (7/4-DQPSK) modulation scheme is employed
here. Also, a square root raised cosine pulse shaping filter with a rolloff factor of 0.35 is
used to reduce the intersymbol interference.

Two months after the acceptance of D-AMPS by the EIA, Qualcomm proposed a new
digital air interface based on the spread spectrum communication techniques, now known
as IS-95. This system occupies 1.25 MHz, only 10% of the total spectrum allocated to an
AMPS service provider. But the system capacity is claimed to be 15-20 times as much as
for AMPS [Gil91]. To achieve this goal, a number of sophisticated techniques are used in
the IS-95 system design. On the forward link from the base station to the mobile unit,
the output of the vocoder is sampled at a variable rate of 1200 bps, 2400 bps, 4800 bps,
9600 bps and 13 kbps. The data are encoded by a convolutional encoder, interleaved by a
block interleaver, scrambled by a decimated long code, and multiplexed by a long code and
power control bit. The output of the multiplexer is spread by a Walsh code at a rate of
1.2288 Mega chips per second (Mcps) which is assigned to each particular user. Then a base
station specified pilot PN sequence is used to modulate the in-phase and quadrature channel.
The binary in-phase and quadrature outputs are mapped into the phase of the transmitted
signal according to m/4-Quadrature Phase Shift Keying (7/4-QPSK) modulation scheme.
On the reverse link from the mobile unit to the base station, a Walsh code is used as 64-ary

orthogonal data modulation. The data signal is spread by a pseudo noise (PN) like long
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code, and 7/4-Offset QPSK (7/4-OQPSK) is used as quadrature modulation. In IS-95,
the transmitted signals of different users occupy the same channel bandwidth. A virtual

channel is specified by the spreading code assigned to each user. This technique is well

known as Code Division Multiple Access (CDMA).

1.3 Wireless Local Loop Systems

WLL systems share a number of common characteristics with cellular systems. A WLL
system must employ wireless transmission over distances comparable to thbse on cellular
links. In order to achieve an acceptable capacity, WLL systems must also make use of fre-
quency reuse in a manner similar to cellular systems. The chief difference between cellular
and WLL is that WLL systems need not support user mobility [Cox86]. However, the first
generation of WLL systems appear to be based largely on the existing cellular standards
such as those discussed in Section 1.2 {Haj96]. A number of WLL providers have also inves-
tigated the use of cordless telephone system such as DECT [Och89|[Mul91][Owe93][Rom94].
However, it should be possible to exploit the fixed nature of the WLL system to develop
simpler standards at low cost, which will be a particularly important factor in determining

the success of WLL system in developing markets.

1.4 Purpose of the Research

In this research, a new WLL communication system is investigated. This system com-
bines the analog FM modulation compone;lt of AMPS system and the CDMA technique of
IS-95 to create a new hybrid FM/CDMA WLL system. The purpose of employing analog
FM modulation is to avoid the system complexity and high cost of a fully digital CDMA
system which requires advanced processing techniques to implement voice and channel cod-
ing. In addition, the analog format of FM modulation allows the use of high speed modems
originally designed for wireline telephony [Kat91]. This characteristic is particularly im-

portant since WLL systems are to be marketed as a direct substitute for wireline service.
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At the same time, the hybrid FM/CDMA WLL system discussed here retains many of the
inherent advantages of a CDMA system such as increased capacity due to universal fre-
quency reuse and resistance to multipath fading [Gil91]. While such a system will clearly
not have the capacity of a fully digital CDMA implementation, it may be possible to obtain
a set of tradeoffs of cost, capacity and performance which is uniquely suited to the WLL
application. '

The first goal of the research is to establish a theory for FM/CDMA system performance
by deriving closed form analytical expressions of the Signal to Interference Ratio (SIR) for
the input and output signals of a differentiation type FM demodulator. This theory provides
very clear guidance in optimization of the system performance. It also provides fundamental
insights into the role of FM modulation. By trading bandwidth for performance, FM is seen
to be analogous to error correction coding for a fully digital CDMA system.

The second goal of the research is to develop a software test-bed to examine the feasibility
of the system and optimize the system through the tradeoff between the FM modulation
index and the spread spectrum processing gain. The system capacity is examined by the
simulator. The effect of imperfect power control is also a subject of investigation.

This thesis results from a sponsored simulation study performed in the MPRG labora-
tory. The thesis may be thought of as a companion document to the thesis of Yash Vasavada
[Vas96]. While both theses present simulation models for the same basic FM/CDMA sys-
tem, both make unique contributions. [Vas96] investigates a number of important cases such
as the performance in multipath and the power control algorithm. This thesis undertakes

a rigorous development of analytic bounds for SIR, and a thorough study of the system

operating point.

1.5 Outline of the Thesis

The remainder of this thesis is organized as follows: In Chapter 2, a detailed description

of four types of FM demodulation techniques is presented. The models for differentiation,
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quadrature, arctangent and phase locked loop FM demodulation help establish the system
model used later in simulation. The FM threshold phenomenon which gives rise to the
tradeoff in operating point selection is discussed. In Chapter 3, an overview of different
multiple access schemes and CDMA system principles are presented. Chapter 4 establishes
a theory and judges the system performance through the derivation of input and output
SIR of a differentiation demodulator. Upper and lower bounds on system performance are
obtained. Chapter 5 describes the model for the WLL system studied here. Based on
the tentative operation parameters, the system performance is evaluated using the theory
developed in Chapter 4. A set of new parameters is proposed to optimize the system
performance. Chapter 6 describes the simulation approach and shows the simulation results
in a variety of cases, including different demodulation schemes, the system performance
under different IF channel occupancy, the system capacity, the forward link and reverse link
system performance, and the effect of power control schemes. Finally, the thesis concludes

with a summary and suggestions for future work in Chapter 7.



Chapter 2
Frequency Modulation

In this chapter, we review the basic principles of frequency modulation which will be
applied throughout this thesis.

In Continuous Wave (CW) modulation systems, a radio frequency sinusoid is used as the
carrier in which the amplitude, phase or frequency is modulated by the information signal.
In the application of WLL communications, the information is typically baseband human
speech. Depending on the method in which the information signal is applied to the system,
the modulation scheme can be categorized as linear modulation or nonlinear modulation.
The direct implementation of linear modulation techniques is Amplitude Modulation (AM).
Fig. 2.1 shows the block diagram of a Double Sideband Suppressed Carrier (DSB-SC) AM

transmission system [Cou93].

The general property of Amplitude Modulation can be illustrated by DSB-SC AM:
v(t) = m(t)cos(wct), (2.1)

where w, is the carrier angular frequency, m(t) is the modulating signal, and v(¢) is the mod-

m(t) ' m(t)coswt
-—

cosm,t

Figure 2.1: Amplitude Modulation
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ulated signal. Therefore, the amplitude of the transmitted signal varies with time. However,
in wireless communications, due to the multipath propagation in an unconstrained trans-
mission medium, the typical environment is a fading channel where the amplitude of the
transmitted signal suffers as much as 30 dB attenuation in fading nulls [Fun93]. Infor-
mation contained on the amplitude is subject to severe corruption. Therefore, AM shows
poor performance in wireless communications environment. However, nonlinear modulation
techniques which preserve a constant envelope property exhibit much better performance

in fading environments and therefore are used in the AMPS system and other wireless FM

systems.

2.1 Frequency Modulation

Linear modulation is, however, not the only means of modulating a sinusoidal carrier
[Cou93]. The frequency and phase of a sinusoid can also be modulated by information sig-
nal. Angle Modulation, a general category of frequency modulation and phase modulation is
a type of nonlinear modulation. One of the most striking characteristics of frequency mod-
ulation is that the Signal to Noise Ratio (SNR) of the output can be significantly improved
by increasing the frequency deviation of the modulation, or the Intermediate Frequency
(IF) bandwidth, while keeping the transmission power fixed. The larger the IF bandwidth,
the greater the output SNR, therefore the better the output voice quality. The penalty for
SNR improvement is two-fold. First, the transmitted signal occupies a wider IF bandwidth,
a precious asset in wireless communications. Second, the received signal power moves closer
to the FM threshold as the IF bandwidth increases. When the received signal power falls
below the FM threshold, the output noise power increases significantly. The received signal
loses the advantage of immunity to noise corruption inherent in FM techniques.

Exponential transformation is the most easily implemented nonlinear modulation rep-

resentation in a practical system. A frequency modulated signal can be expressed as

s(t) = Accos{wct + 0(t)], (2.2)
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where A. is the constant carrier amplitude, w. is the carrier angular frequency, and the

phase 6(t) is a function of the information signal:

= D; / 7) d, (2.3)

where Dy is the frequency deviation constant and m(t) is the information signal.

For a fixed information signal m(t), the frequency deviation constant D determines the
IF bandwidth a modulated signal occupies. The larger the frequency deviation constant,
the wider the IF bandwidth required for distortionless transmission. Another measure of
bandwidth occupancy is given by the modulation index (3, which is defined as the peak
frequency deviation AF, normalized by the bandwidth of the information signal B:

8=, (24
where
AF = maz{— 11r do(t),y (2.5)
Substituting Eqn. (2.3) into Eqn. (2.5), we have
AF = 1DV, (2.6)
27

where V}, = maz[m(t)]. Note that the modulation index is directly proportional to the IF
bandwidth.

Fig. 2.2 illustrates an FM signal modulated by a sinusoid. The constant envelope
property of the FM signal is very attractive for wireless communications where fading caused
by multipath propagation deteriorates the system performance. For FM, the information
signal is contained in the phase term, rather than the amplitude. Therefore, FM has
much better fading resistance than AM. Furthermore, hardlimiting the FM signal improves

the system performance by eliminating the amplitude fluctuations caused either by white

Gaussian noise or channel fading.

10
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JANANE

Sinusoid Modulating Signal

s(t)

Sinusoid Modulated FM Signal

Figure 2.2: FM Signal Modulated by a Sinusoid

2.2 Wideband FM (WBFM)

Since larger modulation indices yield better system performance in FM, it is tempting
to utilize larger bandwidth to achieve this goal. For modulation index 3 > 1, the Power
Spectral Density (PSD) of WBFM signal is approximated by the Probability Distribution
Function (PDF) of the modulating signal {Row65]. The reason behind this quasi-static ap-
proximation lies in the fact that the for FM, the instantaneous frequency varies in proportion
to the modulating signal voltage according to Eqn. (2.3). The wideband FM spectrum can

be approximated as

wA?

Sm(f) = E;—{fm[f)—’;(f — P+ fm[,i—’;(—f e (2.7)

where A is the amplitude of the carrier, Dy is the FM frequency deviation constant, fp, is

the probability distribution function of the modulating signal.

11
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We will see later in this thesis that there is a tradeoff between increasing the IF band-

width of the FM signal and increasing the spread spectrum processing gain.

2.3 FM Demodulation Schemes

As mentioned earlier, the received signal is subject to multipath propagation which
causes fading in a wireless communication environment. The received signal is further cor-
rupted by Additive White Gaussian Noise (AWGN). To understand the basic performance
of frequency modulation, we assume the channel characteristic is limited to AWGN. The
FM signal is passed through a network whose amplitude and phase-shift preserves a linear
relationship so that the original baseband signal can be recovered from the FM demodulator
without distortion introduced by the frequency dependent nonlinearity of the network. This
section investigates four types of FM demodulation schemes: Differentiator, Quadrature,

Arctangent and Phase-Locked Loop (PLL).

2.3.1 Differentiator

The FM demodulator which is the easiest to conceptualize is a differentiator which
converts the frequency variation to an amplitude variation [Cou93|[Pan65]. The baseband
signal is recovered by passing this amplitude modulated signal through an envelope detector.
A block diagram of a differentiator used for FM demodulation is shown in Fig. 2.3.

The received signal, a combination of the desired FM signal and AWGN, is passed
through a bandpass filter to bandlimit the white Gaussian noise. Then the filtered signal
is downconverted from the radio frequency (RF) to the intermediate frequency (IF). The
output of the differentiator v3(t) is related to the input of the differentiator v2(t) by

5(6) = K S0, (2.9

where K is the differentiator gain.

In the frequency domain, a differentiator is represented by a transfer function described

12
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s(t)
Vi) Vo)
. . V}(t) Envelope V4(t) Vo(t)
—»  BPF -»{ Differentiator Detection »  LPF —
cosmgt
Figure 2.3: Block Diagram of a Differentiation FM Demodulator
by
H(w) = Kjw. (2.9)
The input of the differentiator is
v (t) = Accos{wct + 0(2)], (2.10)
where 8(t) is given by Eqn. (2.3).
Then the output of the differentiator is
d
v (t) = K%vg(t) = —KAdwe + S0(]sinfuwet + 0(1)]. (2.11)

The output of the envelope detector is the amplitude of the sinusoidal waveform, with a

sign reversal:

va(t) = K AgJwe + %O(t)].

(2.12)

With a capacitor or balanced demodulation technique, the DC term of above expression

can be eliminated:

vo(t) = KAC%O(t) = KA.Dym(t).

The baseband signal m(t) is thus recovered.

13

(2.13)
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S(t) Vi (t) LPF Vo (t)

%0

Phase Shift
Network Z(f)

Figure 2.4: Block Diagram of the Quadrature FM Demodulator

2.3.2 Quadrature Demodulation

Quadrature demodulation is another popular detection technique which is easily imple-
mented in an integrated circuit [Rap96]. Fig. 2.4 shows the block diagram of the quadrature
demodulator.

Suppose s(t) is the received FM signal which has already been downconverted to IF.
The quadrature signal is obtained from the FM signal by passing it through a phase shift

network Z(f). The phase response function of the network should satisfy

B(f) = =5 +2nK(f - fo), (2.14)

where K is a constant, f, is the intermediate carrier frequency, and f(¢) is the instantaneous

frequency of the input FM signal, which is defined as

_ 1d _ Dy
FO = fot S0 = 1o+ D). 215)

After the FM signal passes through the phase shift network, the output can be expressed

va(t) = Accos[wet + 0(t) + (t)]. (2.16)

The quadrature signal is multiplied by the FM signal to generate the demodulated signal
by using a product detector so that

vi(t) = wvy(t)s(t) = A2cos[wct + 8(t) + p(t)|cos[wet + 6(t)]

14
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= %g{cos[cht + 20(t) + ¢(t)] + cos[9(¢)]}. (2.17)

The double carrier frequency term is removed by the low pass filter. The recovered baseband

signal v,(t) is

wlt) = LPP{n(t)} = ccon{alf()}
2

Az m
— —2—'603[—5 =+ 27TK(f - fc)]
2

A7 ™ Dy
= 7cos[——2— + 27K E;m(t)]
2

= %sin[KDfm(t)]. (2.18)

If the phase variation is small, KDgm(t) < 1, then

2

vo(t) = 142—‘:KDfm(t) o m(t). (2.19)

Therefore, the output of a quadrature detector is proportional to the baseband signal m(t)

and the original speech signal is recovered.

2.3.3 Arctangent Demodulation

For the arctangent demodulator, the received FM signal can be expressed in the quadra-
ture representation:
srm(t) = Accos[wc(t) + 6(¢)]
= Accos[0(t)]coswct — Acsin[0(t)]sinw(t)
= z(t)coswct — y(t)sinw,(t), (2.20)
where z(t) = Accos[0(t)], and y(t) = Acsin[0()].

The phase is related to the in-phase and quadrature terms by

tan[0(t)] = ;%L(?)’ (2.21)

15
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s(t)

COSwct

Figure 2.5: Block Diagram of Arctangent Demodulation

or
o(t) = tan"l[%]. (2.22)
Differentiating the phase yields
y()z(t) — £(t)y(t) (e
g _ z2(t) _y(t)z(t) — z(t)y(t
dt 1+ [_3/(_t)]2 () +yR() 223)

z(t)
The left hand side of above equation is Dym(t) according to Eqn. (2.3). Therefore,

_ 98)(t) = ()01
™ = D e + 0] (229

Based on this algorithm, the arctangent FM demodulation can be implemented as shown

in Fig. 2.5. Notice that since z2(¢) +y2(t) = A2, the square and division operations do not

need to be implemented.

2.3.4 Phase Locked Loop (PLL)

A PLL is a closed loop feedback system which can be used to track either the phase or
frequency information of a received signal [Gar79]. A basic PLL consists of three compo-

nents: a phase detector, a low pass filter and a voltage-controllable oscillator (VCO). Fig.

2.6 shows the block diagram of a basic PLL.

16
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V() vy (t v, (t)
—» PD O L er A
Vo(®)
VCO |

Figure 2.6: Block Diagram of Basic PLL

A phase detector is a device which converts the phase difference between the two input
signals into a voltage difference. It may be implemented by a double balanced mixer or sim-
ply a multiplier. The phase error versus error voltage of a phase detector with a sinusoidal
characteristic is shown in Fig. 2.7.

A VCO is a device which generates a periodic waveform whose frequency is determined
by the applied voltage. The free running frequency fy is the frequency when no external

voltage is applied. Assume K, is the frequency sensitivity of the VCO, where

dw
K,=—. (2.25)

The output of a VCO wy(t) is related to the input of the VCO v(t) by

vo(t) = AoCOS[Wot + 6o(t)], (2.26)

where
t
8o(t) = K, /_ v(r) dr. (2.27)

The basic principle of a PLL used as an FM demodulator is based on the feedback
nature of the closed servo loop. The closed loop is trying to operate at a zero error voltage
state which forces the output of a VCO to follow the change of the input FM signal. Due to
the differentiation relationship between the input and output of a VCO, if the output of the
VCO is to follow the received FM signal, the input of the VCO is the differentiation of the

17
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A0

Figure 2.7: Phase-Voltage Response of a Sinusoidal Phase Detector

FM signal in the absence of the carrier, which is the baseband voice signal. The operating
principle of a PLL as an FM demodulator is best illustrated in the frequency domain.

Suppose the input signal of a PLL is

vin(t) = Ajsin[wet + 6;(¢)], (2.28)
where, 6;(t) = Dy / z) dz, m(z) is the baseband modulating signal. In the frequency
domain

0:(f) = LM (1), (2.29)

where ©;(f) is the Fourier transform of 6;(t), and M(f) is the Fourier transform of m(t).
Assume the frequency response of the low pass filter is Fi(f) = F(f), and the frequency
response of the VCO is Fp(f) =
2.8.

jg: ' The phase representation of a PLL is shown in Fig.
For a locked PLL, 8;(t) = 6,(t), the phase error 0,(t) is very small. Therefore, sin[f(t)] ~
0c(t). The PLL equation is reduced to a linear equation. Hence
27
G f

V() = o:(f), (2.30)
Fl(f) A et
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LPF Vz(t)>
F,(D=F(H)

VCO
Fy(H=K ,/j2 nf[™

Figure 2.8: Phase Representation of PLL

where Va(f) is the Fourier transform of vs(t).

Suppose the baseband bandwidth of m(¢) is B, and F\(f) is an ideal low-pass filter.

1 |fI€£B
Fi(f)=
0 otherwise.
i Kafo o B, then
2w D
Va(f) = ZEM(5). (231)
v
In the time domain
Dy
n(t) = Zmi), (2.32)

which is the desired output characteristic.
Although a PLL offers no improvement over the conventional differentiator for input
SNR above threshold, it does provide threshold extension, which allows the system to

operate at a lower input SNR. This is very attractive for a system which operates over a

wide dynamic range of input SNR.
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2.4 FM System Performance with Differentiation Demodulation

2.4.1 Input and Output Signal to Noise Ratio

The output SNR of an FM system with differentiation demodulation has been derived

in many textbooks [Cou93][Tau86][Pan65]. The FM system is modeled using the following

assumptions.

1. The system is operating at a sufficiently high input SNR, in a region above the thresh-

old of the FM demodulator.

2. The channel noise is additive white Gaussian noise (AWGN) with a two-sided power

spectral density of Ny/2.

3. The noise output is approximately independent of the modulating signal.

4. The IF bandwidth is determined by Carson’s rule, which defines the bandwidth with

98% of the signal power confinement. Note however, the FCC defines the bandwidth

as 99% of the signal power confinement for wireless applications [Rap96].

The operating principle of an FM system with differentiation demodulation was devel-

oped in Section 2.3.1. Based on that system configuration, the input SNR and the output

SNR of an FM differentiator are found to be [Cou93]

N
N~ 4Ny(B+1)B’
and ——
242 M \2
(f_) ~ 3AZB (V,,)
N’ ™ " aNyB
where

A, is the amplitude of the carrier,

Nj is related to the two-sided AWGN power spectral density Ny/2,
B is the FM modulation index,

20
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B is the bandwidth of the baseband modulating signal,

m is the baseband modulating signal, and

Vp is the peak value of the modulating signal m(t).

The expression of the output SNR indicates that the performance of an FM system can
be improved by increasing the modulation index 3, at the cost of a wider IF bandwidth
occupancy. The increment of the modulation index 3, however, reduces the input SNR of
an M demodulator as indicated by Eqn. (2.33). As we shall see later, an FM system
exhibits a threshold phenomenon where the output power of the demodulator drops rapidly
as the input SNR goes below the threshold. This tradeoff will be very important in the
design of our hybrid FM/CDMA communication system.

2.4.2 FM Threshold

The FM threshold effect was analyzed in detail by Rice and Stumpers [Ric63]. The
threshold was found to be related with the number of noise spikes (”clicks” as we may
hear), when the input signal power is at a lower lever compared with the channel noise.

Experiments as well as simulations show that there is a level of input SNR below which the

output SNR rolls off quickly.

To understand the occurrence of spikes, let us consider the input signal to be an un-
modulated carrier in the presence of white Gaussian noise [Tau86]. After passing through
an IF filter, the white Gaussian noise becomes a narrowband noise process n(t), which can

be represented in the quadrature notation.
n(t) = z(t)coswct — y(t)sinw,t. (2.35)
The input signal v;(¢) is the narrow band noise plus the unmodulated carrier:
vi(t) = Accoswt + z(t)cosw t — y(t)sinw,t. (2.36)
In complex representation,
vi(t) = Re{[A. + z(2) + jy(t)]/**}. (2.37)
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Let r(t) = /22(t) + y2(t) and ¢(t) = tan‘l[%]. Then r(t) is a Rayleigh distributed

random variable [Sta94] and ¢(¢) is a random variable uniformly distributed between [—=, 7].

The baseband signal of the demodulated input can be written as
9(t) = Ac + z(t) + jy(t) = Ac +r(2)e*® = R(t)e?®®). (2.38)

When the input SNR is high, the probability that r(t) > A, is very small. The phasor
diagram of g(t) is drawn in Fig. 2.9. Since r(t) < A, the resultant vector R(t) has a very

limited phase drift 8(¢) around the vector A,. Therefore spikes are very unlikely to occur

at high input SNR level.

Rt v ";(2
(1) ¢(7)"

V4
A, S

'

. -

Figure 2.9: Phasor Diagram for High Input SNR

Figure 2.10: Phasor Diagram for Low Input SNR

However, if the input SNR is low, the probability that r(t) > A. is large. The phasor
diagram of g(¢) in this case is drawn in Fig. 2.10. The resultant vector R(¢) may have a
very large phase drift, and even rotate around the carrier vector A.. Then there is a period

of time when the angle 8(t) changes from 0 to 2x. Suppose the 27 phase transition occurs

22



CHAPTER 2. FREQUENCY MODULATION

over a time interval between t; and ¢. Then before ¢, and after ¢9, r(t) < A., only small

random phase variations occur.

o(t)

n PP A
R VAR G |

—
2%

D e o

t

Figure 2.11: Occurance of a Spike

Fig. 2.11 shows an abrupt phase change of = of the phase signal. If the time duration
from ¢; to ¢2 is very small, the spike is more or less like a d-function, in which case there is
a strong spike of interference in the received FM signal.

Based on the assumption that the occurrence of spikes causes threshold effect in an FM
demodulation, Taub and Shilling [Tau86] calculated the average time between spikes (spike
occurring frequency), the total number of spikes occurring per second and the output SNR

is related to the input SNR by a nonlinear relationship

S

66%(8 + 1)) ()

(%)out = (2.39)

L 12, 2006 + D mcap( ()}

The exponential term of input SNR contributes significantly to the FM threshold. Fig.
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2.12 uses Eqn. (2.39) to plot the output SNR versus the input SNR for a normalized input

baseband signal power of 0.02, and 3 of 1.0, 2.0, 3.0 and 5.0. It can be seen from the figure
that

1. The output SNR increases as the modulation index 3 increases.
2. The FM threshold increases as the modulation index 3 increases.

When a system is designed to operate in a wide dynamic range of input SNR, a lower
threshold is desired. To achieve this goal, the system must operate with a smaller modula-
tion index 8, which in turn degrades the voice quality, or else a more complicated demod-

ulation technique, such as a PLL, should be used for threshold extension.

2.5 Chapter Summary

In this chapter, we have reviewed the fundamental principles of FM modulation and
demodulation. We have reviewed the derivation of the output SNR expression for the case
of a simple differentiator demodulator. After reviewing te principles of CDMA in the next

chapter, we will use these results to undertake a rigorous analysis of the hybrid FM/CDMA
system in Chapter 4.
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Chapter 3

CDMA for Spread Spectrum Communication

The development of commercial CDMA systems has undergone tremendous progress in
the past few years. Numerous field tests and trials have been conducted on the feasibility of
CDMA systems for cellular and PCS applications. Direct Sequence Code Division Multiple
Access (DS/CDMA) techniques have been proposed for cellular [Lee91], PCS [Mil92], indoor
[Kav87] and satellite communications [Gil90]. CDMA is also a strong competitor for high
data applications, such as wireless local area networks and video phones. Before delving

further into CDMA technique, let us first review different multiple access schemes widely

used in wireless communications.

3.1 Multiple Access Techniques

Multiple access schemes are used for the sharing of fixed communication resources,
such as time, frequency, space, polarization, or code set. Depending on the statistical
properties of each random arrival, the resource may be allocated according to specific needs.
Variable transmission rate of the voice signal in a GSM cellular system and dynamic channel

allocation in North America AMPS cellular system are two of such examples.

3.1.1 FDMA

Frequency Division Multiple Access (FDMA) was the earliest communication resource
allocation scheme in telephony dating back to early 1900s. Due to the success of landline

applications, it was adopted in the first generation cellular telephone standards, such as
AMPS, ETACS and NTT.
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Fig. 3.1 shows the utilization scheme of frequency bands as communication resources
in an FDMA system. The channelized spectrum is assigned to a single user for a long time

period.
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Figure 3.1: Illustration of FDMA Scheme

The major advantage of a FDMA system is its simplicity because each channel is almost
independent of all other channels and therefore no coordination is necessary. The disadvan-
tage, on the other hand, is the inefficiency in channel utilization. With this type of circuit
switching technique, a channel may not be accessed by other users once it is assigned to

one user, no matter whether the channel is active or not.
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Figure 3.2: Illustration of TDMA Scheme
3.1.2 TDMA

Time Division Multiple Access (TDMA) was promoted as a result of the advances in
digital communications based on VLSI technology. As a result, the second generation
of cellular communication systems such as Global System for Mobile (GSM), IS-54, and
cordless systems such as Digital European Cordless Telephone (DECT), and the PCS system
such as Personal Access Communication System (PACS) are all developed and commercially

deployed all over the world. Digital cellular systems were designed to co-exist with the
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analog cellular system in the dual mode operation. It is expected that the digital cellular
systems will replace the analog cellular systems as the cost of VLSI chips drops.

In Fig. 3.2, sharing of the communication resource is accomplished via time slot assign-
ment. Each channel is distinguished by assigning a finite time duration, which is separated
by a guard time. Each TDMA frame contains a fixed number of time slots. This frame
structure repeats so that a time slot assigned to a particular user appears periodically within
each time frame. However, for a fixed assignment TDMA scheme, each time slot is pre-
assigned to a particular user. If that user has no data to transmit during a pause in that
time slot, the communication resource is wasted which results in a low channel utilization.
When the channel assignment is unpredicatable, which is true for most digital communica-
tion systems with random signal accesses, a dynamic channel assignment strategy known as
packet switching is more popular used to provide better channel utilization. Based on this
idea, Extended-TDMA (E-TDMA) systems, have been developed as an example of dynamic
allocation of TDMA time slots, assigning time slots based on digital speech interpolation to
take advantage of voice activity [Kei95]. Another important advantage of TDMA system is

the ability to reduce cost due to the sharing of RF equipment by multiple users assigned to

the same frequency channel.

3.1.3 CDMA

Code Division Multiple Access (CDMA) is an application of spread spectrum communi-
cation technology which has been used in military systems for the past half century [Sch82].
Each signal occupies the same wide frequency band and transmits at the same time. There-
fore, there is only one physical channel in the system. However, virtual channels may
be identified by different signature sequences. Fig. 3.3 illustrates the CDMA concept in
which all users share the same frequency spectrum for all time. Channels are formed by
assigning each user a unique signature or code sequence. There are two primary ways of

implementing CDMA, Direct Sequence Spread Spectrum (DS/SS) and Frequency Hopped
Spread Spectrum (FH/SS).
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Figure 3.3: Illustration of CDMA Scheme
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DS/SS

In DS/SS, the transmitted baseband signal is spread into a much wider bandwidth by
multiplying with a noise-like signature sequence so that the signal power spectral density
is so low that it is virtually indistinguishable from the background noise. The transmitted
signal of each user is assigned a periodic spreading sequence with a bandwidth on the order
of several MHz. The communications resource is specified by a set of orthogonal or nearly
orthogonal code sequences. The Pseudo-Noise signature sequence, or PN sequence, consists
of a pseudorandom series of 1’s and 0’s which repeats at a regular period. Fig. 3.4 and Fig.

3.5 show the transmitter and the receiver structures of a CDMA system.

Y

information
signal
(B Hz)

noise like sinusoid
sequence carrier
(B bits/sec)

Figure 3.4 CDMA Modulator

The information signal can be either analog or digital, with a narrow band bandwidth
being B Hz. The noise like spreading code is a period sequence using bipolar NRZ signaling
with a bandwidth of Bg; Hz which is much much greater than that of the narrow band
interference signal. The ratio Bss/B is a very important parameter called ”processing

gain”, which describes the ratio of the power spectral density function of the desired user to
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Figure 3.5: CDMA Demodulator

those of the interfering users. The higher the processing gain, the less the multiple access
interference.

Fig. 3.6 shows the concept of a baseband CDMA signal in the time domain, where

b(t) is the data information to be transmitted with the bit duration time of Tj,

a(t) is the spreading sequence with the chip duration time of T,

¢(t) 1s the spread signal, c(t) = b(t)a(t),

d(t) is the despread signal, d(t) = a(t)c(?).

From Fig. 3.6, it can be seen that the spread signal is much like random noise. Without
the prior knowledge of the spreading sequence, it is almost impossible to reproduce the
original data. However, with a synchronized despreading, the original data is perfectly
recovered.

Fig. 3.7 shows the concept of CDMA in the frequency domain. Suppose the desired
user and the interfering user have the same shape of baseband power spectral density as
shown in (a). After being multiplied by user specified PN sequences, the signal power of

both users is spread into the whole spread spectrum bandwidth. The level of each power
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Figure 3.6: CDMA Concept in Time Domain
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Desired Signal Interference

(a) Original Power Spectral Density Functions

[ R [ N

(b) Power Spectral Density Functions after Spreading

[ N

(c) Power Spectral Density Functions after Being Despread by the Desired PN Sequence

(d) Power Spectral Density Functions after Baseband Filtering

Figure 3.7: CDMA Concept in Frequency Domain
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spectral density is significantly reduced by energy conservation as shown in (b). In (c), both
of the spread signals are multiplied by the PN sequence of the desired user. The signal is
fully recovered for the desired user, but not for the interfering user. In (d), a narrowband
filter is used to reduce the out of band noise. The signal or interference power is the area
under each shape. The signal to interference ratio in this simple case is approximately the
processing gain.

For different users, the PN sequences are chosen such that the cross-correlations of
the PN sequences assigned to different users are approximately zero, in order to reduce
the multiple access interference. The auto-correlations of each PN sequence should ideally
approximate a d-function in order to reduce the effect of multipath components. At the
receiver, when the received signal is multiplied by a signature sequence of a particular
user to despread that user, only the desired signal spread by the same signature sequence
contributes significantly to the despread signal, while other components spread by different
signature sequences nearly vanish due to the approximate orthogonality of the signature

sequences. This means of implementing CDMA is referred to as Direct Sequence Spread

Spectrum (DS/SS).

FH/SS

Frequency Hopping is the other principle means of generating a CDMA signal [Sim94].
It differs from DS/SS in that the transmitted signal is a narrowband signal while the carrier
frequency of a particular user varies over a wide range according to a preselected pseudo-
random pattern. The transmitted signal resides on a particular narrow frequency band for
only a short period of time. Depending on the duration of this residing time compared
with the data period, FH/SS can be classified as fast frequency hopping and slow frequency
hopping. If the carrier frequency changes at a rate greater than the data rate, the system
is referred to as a fast frequency hopping system; if the carrier frequency changes at a rate
smaller or equal to the data rate, the system is referred to as a slow frequency hopping

system. Due to the limitations of present VLSI technology, fast frequency hopping systems
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Figure 3.8: Block Diagram of FH/SS Scheme

are not commercially available at the present time.

Fig. 3.8 shows the utilization of commﬁnication resources (time, frequence) in frequency
hopping system. In each time slot, a different user occupies different frequency band. From
one time slot to another, a user’s carrier frequency hops from one narrow band to another.
Frequency collisions might occur when two users hop on the same frequency band at the
same time.

One advantage of a Frequency Hopping system is the resistance to narrowband fading.

Typically, the total spread spectrum bandwidth is much greater than the coherent band-
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width of the transmitted signal. The frequency band a particular user occupies during one
time slot, is usually far from that at another time slot and hence it suffers uncorrelated
fading. In other word, when a user suffers severe fading during one time slot, the user may
not during another time slot.

There are various hybrids of the above four types of basic multiple access schemes
which make better resource utilization or improve system performance in the wireless com-
munication environment. The GSM standard allows the TDMA based cellular system
to employ a slow frequency hopping technique when a particular channel experiences se-
vere fading [Mou92]. Omnipoint developed a TDMA/CDMA hybrid digital system which
uses a 9 MHz bandwidth at 900 MHz or 2 GHz and 8 time slots per TDMA frame. A
FDMA/CDMA hybrid system has also been proposed to operate within a wideband spec-
trum which is divided into a set of sub-spectra. Each user’s signal is first spread into a
narrowband CDMA system and then is modulated by different carrier frequencies to gen-
erate the desired FDMA/CDMA signal [Eng93]. FDMA/CDMA, now commonly referred
to as multicarrier CDMA has demonstrated advantages in robustness to multipath fading,
suppression of narrowband interference and lower demand of chip rate [Shi96}{Sou96].

Because of the costs of generating a frequency hopped signal, most commercial CDMA

systems favor the DS/SS technique. We will consider DS/SS systems exclusively for this

reason.

Advantages of CDMA

Compared with TDMA and FDMA schemes, a CDMA system has unique advantages
due to its wideband modulation by a noise-like signature sequence. In recent years, a
growing body of work has documented the advantages of CDMA for wireless applications,
such as cellular telephone, PCS and WLL. We briefly review these key characteristics of
CDMA systems as a means of justifying the use of CDMA technology in our WLL system

design. For the reasons enumerated below, we will focus on a CDMA WLL in the remainder

of this thesis.
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(1) Capacity Improvement

In a multiple cell system, some researchers have claimed that CDMA is able to achieve
up to 6 times the capacity of TDMA and 15-20 times of capacity of FDMA due to the
frequency reuse in each cell of the system [Lee83][Gil91]. In CDMA, each user is assigned
a unique noise like wideband signature sequence which occupies the entire frequency band
allowed. Time and frequency resource allocations are not restricted. All the users share
the same frequency band and transmit at the same time. In FDMA and TDMA systems,
frequency spectrum must be allocated according to a frequency reuse pattern in order
to achieve acceptable co-channel interference levels. This in turn reduces the number of
channels available in any given cell of the system and thus reduces the system capacity.

Another feature of CDMA system is its soft capacity limit. There is no definite number
of users the system is able to accommodate. Increasing the number of users merely raises
the noise level in the system. Therefore, admitting more users into the system will in turn

degrade the voice quality of all other users gradually.

(2) Voice Activity

During a two way telephone conversion, a voice is typically active for about 3/8 of the
time [Bra68]. A system based on CDMA is able to exploit this voice activity phenomenon.
During the pause of the speech, the transmitter can be switched off so that the number of

multiple access interference is reduced as the system load decreases. Generally speaking,

the system can more than double its capacity as this result.

(3) Multipath Fading Resistance

In CDMA, the spread spectrum bandwidth is chosen to be much greater than the co-
herent bandwidth of the channel. The amplitude and phase of each multipath component
is uncorrelated with the anothers. The envelope of each arriving signal obeys a Rayleigh
distribution {Sta94]. It has been shown that with an asymptotically large number of inde-
pendent Rayleigh components, the system achieves the same BER as the system suffering
unfaded propagation [Vit96]. Even for finite number of multipath arrivals, a CDMA system
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still shows greater fading resistance than a TDMA or a FDMA system.

A CDMA system is able to exploit high chip rate to resolve multipath components.
When the chip duration time is smaller than the channel delay spread in a frequency selective
fading channel, which is true for most of the outdoor CDMA systems, multipath components
arrive at different chips. Since the signature sequences are designed to have low auto-
correlation, the demodulation of other multipath components results in an increased noise
background. However, with pilot-aided coherent multipath demodulation scheme [Vit96],
each multipath component can be tracked by locking each user to the pilot sequence and
multipath delays can be searched by synchronizing to the pilot sequence present in each
multipath component. A RAKE receiver can be employed to exploit multipath components,
since the system is able to synchronize the signature sequence to different delayed versions
of the desired signal. Each ”finger” of the RAKE consists of a correlation demodulator.
A pilot sequence tracking loop is able to determine the timing delay and synchronizes the
signature sequence to that of one of the multipath components. Different ”fingers” are
locked to different multipath versions and the decision statistic is the weighted combination
of different multipath demodulation outputs. For example, in IS-95, a base station has

four correlator RAKE receivers while a mobile user has a three correlator RAKE receiver
[Qua92].

(4) Sectoring

In CDMA, the frequency bands are reused within the same cell and in adjacent cells as
well (known as universal frequency reuse).. Sectoring reduces the amount of interference af-
fecting a desired user in a particular sector. However, sectoring will not reduce the number
of channels available to each sector since there is only one channel in the spread spectrum
technique. But for channelized schemes, such as TDMA and FDMA, each sector is assigned
only a portion of the total number of channels of the cell. The break-up of all the available
channels decreases the trunking capacity of the system. In CDMA, sectoring reduces only

the interference, since CDMA capacity is limited by the number of MAI. Sectoring is com-
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monly used in a CDMA cellular system for this purpose.

(5) Near-Far Effect

If CDMA technology is adopted for the WLL application, a key problem to be overcome
is the so called near-far problem caused by self-jamming, which arises when the signature
sequences are not perfectly orthogonal. For a system with a correlation receiver, the per-
formance is heavily dependent on the selection of PN sequences [Non94]. There are several
criteria in determining how to choose a good PN sequence. The least-sidelobe criterion was
proposed to reduce the spilled energy outside the bandwidth of the PN sequence [Per79).
Another criterion is to reduce the ratio of the received signal power normalized by the
power of the intersymbol interference [Non96]. This criterion can be applied to a frequency
selective fading channel with either coherent or noncoherent demodulation.

In the reverse channel, when two users locate at different distances away from the base
station, the near user may dominate the signal reception because of less propagation path

loss. When the interferer is much closer than the desired user, it may be impossible to

detect the desired signal.

1 km 10 km

User 1 User 2

Figure 3.9: Near-Far Scenario

Fig. 3.9 illustrates the near-far scenario. Suppose user 1 and user 2 deliver the same

transmitted power. User 1 is 1 km away from the base station and user 2 is 10 km away
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from the base station. For propagation path loss of 4, which is a typical value for the far
field beyond the Frauenhofer distance, the received power at the base station for user 1 will

be 40 dB higher than that of user 2, according to the following path loss formula [Rap96]:

Pd) _ dy
Py = (" (3.1)

The usual approach to compensating the near-far effect is to employ a power control
mechanism. The power control scheme is essential to maximize the system capacity and has
been proved both in theoretical analysis [Vit96][Woe92][Sal91] and experimental measure-
ment [Pad94][Vit92]. The benefit of power control is of twofold. First power control can
overcome the near-far problem. Second, power control can significantly reduce the stan-
dard deviation of the log-normal shadowing distribution. Without power control scheme,
the typical value of the standard deviation of the log-normal shadowing is 8 - 10 dB while a
good power control scheme is able to reduce the that value to 1.5 dB for an open environ-
ment and 2.3 dB for an urban environment [CTI91]. Note, however, that these limitations
on the effectiveness of power control are primarily due to the mobile nature of a cellular
system. For a WLL system which does not need to support- mobility, power control should
be much more effective at mitigating the near-far problem.

The basic idea of power control is to measure the received signal power and inversely
adjust the transmit power of the mobile according to the measurement. There are two
primary approaches to implement this, namely an open loop mode and a closed loop mode
[Qua92]. A hybrid scheme of above two was also proposed by SigTek [Sig95]. In an open
loop mode, the mobile measures the received signal power in every a few milliseconds. If the
mobile measures a weaker signal level, it increases the transmit power to a desired level. If,
on the other hand, the mobile measures a strong signal level, it decreases the transmitting
power accordingly. This adjustment is based on the reciprocity principle which states that
the signal level received at the base station transmitted from the mobile unit is the same as
it is received at the mobile unit transmitted from the base station if the transmitted power

levels are the same. This is true when the signals are transmitted at the same frequency.
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However, the frequency band allocated to the forward channels is separated from the reverse
channels (45 MHz in current North America cellular standards). The coherence bandwidth,
which defines the range of frequencies over which the amplitude of two signals experience
the same fading characteristics, is much less than the band separation. Therefore, the signal
suffers uncorrelated fading in the forward channel and reverse channel. As a result, the open
loop scheme achieves only limited control accuracy, although it is attractive because of its
simplicity. In a closed loop mode, the base station measures the received signal energy
per bit over interference power E,/Ij, instead of merely received signal power, to estimate
the bit-error-rate (BER) [Vit96]. The base station instructs the mobile unit to adjust its
transmit power based on the best estimation of BER for a measured E;/Iy. This approach

eliminates the uncorrelated fading dilemma but introduces extra time delay for the mobile

to adjust its transmit power.

CDMA System Performance

In a traditional digital CDMA system employing binary modulation, performance may
be analyzed by applying the central limit theorem [Hen94| to model the cumulative effects
of many interfering chips from many multiple access user as a Gaussian random variable
[Pur77]. This leads to the following expression for the SNR at the output of the matched
filter correlation receiver:

K (-1
Far
SNR= |20 + —7
sEV PG 2E[

) (3.2)

where K is the total number of users, E’,Ek) is the energy per bit for the k;, user, PG is the
processing gain, Ng/2 is the power spectral density of AWGN. Assuming a perfect power
control for the interference limited CDMA system, and El(,k) = E',Sl), then the AWGN term

can be ignored.
3PG

SNR=——

(3.3)
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This can be used to obtain an analytical expression for the BER:

BER=Q(VSNR), (3.4)

where Q(z) = /oo —L--e'“z/2 du.
z V2r
As we shall see later in Chapter 4, the expression of SNR in Eqn. (3.3) is identical to
the input SNR of an FM demodulator. In fact, frequency modulation is analogous to error
correction coding in digital communications, where the output SNR of a matched filter is
just the input SNR for an error correction decoding. There should be an agreement of SNRs

between the analog FM and digital error correction coding.

3.2 Chapter Summary

In this chapter, we have reviewed the basic principles of CDMA techniques and discussed
why the CDMA is desirable for a WLL system. The model for a digital CDMA system
has led to a simple analytical technique for the BER. For an FM/CDMA system, the
performance is measured by the output SNR. As we shall find later in the next chapter on
the theoretical analysis of the FM/CDMA system, the analog FM/CDMA system exhibits

close similarities in SNR and equivalent power spectral density.
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Chapter 4
FM/CDMA System Performance

In this chapter, the performance of the reverse link of a hybrid FM/CDMA system is
examined. In mobile cellular and WLL communication systems, the reverse link is a many-
to-one transmission. Under perfect power control, the received power at the base station
from each user can be assumed to be identical. As discussed in the previous chapter, good
power control is a reasonable assumption for a WLL system. The received signal is the sum
of white Gaussian noise and Multiple Access Interference (MAI). MAI dominates the system
performance under heavily loaded conditions. First, the system is modeled in the presence
of white Gaussian noise. However, we are interested in the case where white Gaussian noise
has little effect and when the system is operating at a input signal to interference ratio
above the FM threshold in order to achieve a good voice quality. The Gaussian noise term

is ignored in the SIR calculations.

4.1 Analytical Model

Note that the conventional approach for a digital CDMA receiver is to model the decision
statistic as a Gaussian random variable. However, since the desired output signal here is a
continuous time signal, this approach is no longer rigorous. Instead, we derive the SIR here
through examination of the auto-correlation functions of the resulting signal.

Fig. 4.1 shows the FM/CDMA receiver structure at the base station. This is a simplified
version of the receiver structure where the de-emphasis, expander and RF downconvesion
are not included in the diagram. The FM demodulation is implemented by a differentiator

because an analytically tractable closed form system performance may be obtained with
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M
Demodulation

voice

BPF |—p BN LPF

PN
Sequence

Figure 4.1: Simplified Receiver Structure of FM/CDMA System

reasonable assumptions. In Fig. 4.1, s(t) is the received signal of the desired user, i(t) is
the received signal from other interfering users, and n(t) is the white Gaussian noise. The
combination of these signals is first despread using the signature sequence of the desired
user. Since the signature sequences have low cross-correlations, the interference signals are
further spread. The power spectral density of the interference becomes even smaller. The
Gaussian noise is not spread, which will be proved later, and is still a white Gaussian noise

process. After passing through the band pass filter, the FM signal is extracted from the

Gaussian noise and the noise-like interference.

4.2 Basic Approach

In this section, we wish to derive a closed form for the input signal to interference ratio
and the output signal to interference ratio for FM/CDMA system. In order to simplify the

procedure without losing insight into the operation of the system, the theoretical analysis

is based on the following assumptions.

1. The propagation channel is an AWGN channel with two sided noise power spectral
density of Np/2.
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2. The system operates under perfect power control so that the received signal powers

are the same for all the users.
3. Different signature sequences are uncorrelated with one another.
4. The signature sequence and the FM signal are uncorrelated.

Let a(t) be the cyclical signature sequence, A, be the amplitude of the carrier, and m(t)
be the modulating signal.

co M-1

at)= D D agll (%) aki € {-1,1}, (4.1)

j==—o00 1=0
where M is the number of chips within a CDMA frame. T, is the chip period, II(¢) is the
unit pulse function given by
1 0<t<T

II(¢) =
0 otherwise.

t
Define 6(t) = Dy / m(z) dz, where Dy is the frequency deviation constant. The trans-
—0C

mitted signal of user k is

3k(t) = Acag(t)cos{wet + Ok (t) + di). (4.2)

Let the received signal be r(t), where

K

r(t) = Z sk(t — &) + n(2). (4.3)

k=1
Suppose user 1 is the user of interest. The received signal r(t) is despread by multiplying

by the signature sequence of user 1. Without loss of generality, assume the random phase

and random delay of user 1 to be zero.

Let d;(t) be the despread signal of the desired user at the receiver.
di(t) = r(t)as(t)

K
= a]_(t) Z Sk(t - Tk) + al(t)n(t)
k=1
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= Acad(t)coslwet + 61 (t)]
K

+Ac Y a1(t)ak(t — T)cos[we(t — Tk) + Ok(t — i) + Bx]
k=2

+a;(t)n(t). (4.4)

Notice that the signal a,(t) is a BPSK modulated binary sequence. Therefore, a?(t) = 1.

The above equation can be simplified as

di(t) = Accos[wct + 61(1)]

K
+A. Y ar(t)ak(t — i )cos[we(t — k) + Okt — &) + i
k=2
+a;1(t)n(t). (4.5)
Define
R(t) = Accos[wct + 0:1(t)], (4.6)
K
I(t) = A, Z a1(t)ak(t — 7i)cos[we(t — k) + Oc(t — T) + k), (4.7)
k=2
and
N(t) = ai(t)n(t), (4.8)

where R(t) is the signal of the desired user, I(¢) is the multiple access interference from

other users, and N (t) is the noise introduced by the AWGN channel.

4.3 White Gaussian Noise

Suppose the power spectral density of AWGN is S,,(f) = No/2, then the auto-correlation
of AWGN is the inverse Fourier transform of the power spectral density, which is known to

be R,(1) = %6(7). The auto-correlation of noise N(t) is

Ry(t) = E[N(@)N(t+ 7)) = Ela1(t)n(t)ai(t + )n(t + 7)]

= E[al (t)a,1 (t + T)]E[n(t)n(t + T)]
Ny

= Ri(n)Ralr) = () 326(r) = SRR (0)3(7), (49)
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where R;(7) is the auto-correlation function of user 1’s signature sequence. Since R;(0)
is the power of the binary signature sequence a(t), it is obvious that R;(0) = 1. The

auto-correlation function of the noise term is
N,
Ry(r) = —2—06(1). (4.10)

The auto-correlation function of N(¢) is the same as that of AWGN. Therefore, the
power spectral density function of N(t) is the same as AWGN as well. This shows that the

Gaussian noise is not spread by the signature sequence. Hence
Sn(f) = No/2. (4.11)

4.4 Multiple Access Interference

We are interested in the case where the CDMA system is an interference limited system
in which the power of multiple access interference is greater than the Gaussian channel noise.
In this section, the channel noise is ignored. Once an expression of power spectral density of

multiple access interference is obtained, it is a trivial step to combine the Gaussian channel

noise into the final results.

Define the phase ¢ of the received signal from the k;; user as

Ve = WeTk + Dk- (4.12)

Rewrite I(t) as
K
I(t) = Ac Y a1(t)ak(t — 7i) coswet + Ok (t — 7¢) + ). (4.13)
k=2

Therefore, the auto-correlation function of the multiple access interference term Ry(7) is
Ri(r) = E{I@®)I(t+7)}

K
= AZE{)_ a1(t)ar(t — ) cos{wet + Ok (t — Ti) + ] X
k=2
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S ay(t + 7)ar(t + 7) cosfwet + Oi(t + 7 — 1) + i}

1=2
= AEE{% i ai(t)ay (t + 7)ak(t — Te)ar(t + 7 — 1) %
COS[wch lff::(t — 71) + ] cosfwet + Oi(t — 1) + ¥}
= f: i E{a1(t)a1(t + 7)}E{ar(t — 7e)ar(t + 7 — 1)} x
I;{zizzcos[wct + 8kt — Tk) + Yi] cos[wet + Oyt + 7 — 1) + 1]}
= kZ ZRl(T)Rm (T)Repa(7), (4.14)

where
Ry () = E{ai(t)ar(t + 1)} (4.15)

is the auto-correlation function of PN sequence of the desired user. Let

Ry(r) = E{ax(t — me)au(t + 7 — 1)} (4.16)

be the cross-correlation function of the PN sequences of the undesired users when k& # [,

and is the auto-correlation function when k& = {. Furthermore, let
R (1) = E{A2? cos[wet + Ok (t — 7&) + x] cos[wet + O (t + 7 — 71) + ]} (4.17)

be the cross-correlation function of the FM signals of the undesired users when k # [, and

the auto-correlation function when k& = [.

By definition,

T/2
Ru(r) = lim T / ak(t — Te)ai(t + 7 — ) dt. (4.18)

If k£ # I, the above integral is zero because a; and a; are uncorrelated random sequences

with the probabilities P{ar(t) = 1} = P{ax(t) = —1} = 1/2. Therefore, only the terms
with k£ = remain.

Therefore
Ryi(1) = Ri(7) 0kt (4.19)
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where the auto-correlation function of the kth user is given by

Ri(r) = E{ak(t‘Tk)ak(t+T—Tk)}

T/2
= lim T / k(t — Ti)a(t + T — 7) dt. (4.20)

T—o0

Now R;(r) can be simplified as

Z lll ckl( ) (121)
Ifwelet A=t — Tk then
T 2 )\ A+T dA. (4 22)
R / a .

Since T — oo, hence for small 7y, T/2 — 1 = T/2, therefore

T/2
Ri(r) = lim —/ ANag(A+7)dA

= ANag(A+71)dA
o /_ NTc/zak( k(A +7)

Te/2

= /\ (A +7)dA, 4.23
TC/M Yag (A +7) (4.23)

where T, is the chip duration time of the CDMA PN sequence, NT, is the period of the PN

sequence. It is easy to show that

8

Rin) =Run) = 3 A(TR), (4.24)

n=—00 I.
where A(:) is the triangle function given by

T —|r|
T —— 0|7 <T
Alz) = T

0 otherwise.

Since the power spectral density is the Fourier transform of the auto-correlation, and it is

easy to show that the Fourier transform of a triangle waveform is a squared sinc(-) function,
where
sin(rz)

sinc(z) = o

(4.25)
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A

t

-T 0 T

Figure 4.2: Triangular Function

Here, the Fourier series takes the place of the Fourier transform for periodic waveform.

Therefore

SN =Sf) =5 3 sintUTIS(S —nfo) (4.26)

n=—o0
where S1(f) and Si(f) are the power spectral density function of user 1 and user k, respec-
tively, fo = 1/NT,.

Let the power spectral density of the FM signal be S¢m(f), which is identical for all
users. In the case of wide band FM(WBFM), the modulation index 8 > 1, the power

spectral density is given by

A2 2r , 2m
Sfm(f) = 2Df {fm [E(f - fc)] + fm [D_f(-f - fc)] } ) (4.27)

where Dy is the FM frequency deviation constant, and f, is the probability distribution

function of the modulating signal. Define the base band equivalence of FM power spectral

2
Sima = 5% {fm (-f%f) } - (4.28)

According to Eqn. (4.21), the power spectral density Sr(f) of the multiple access interfer-

density to be Sym _p(p):
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ence I(t) can be written as

K
=" Si1(f) ® Sk(f) ® Sym( /), (4.29)

k=2

where ® denotes the convolution. We may simplify the term S1(f) ® Si(f) as follows:
o0
S1(£) ® Sklf) = / Si(f =S dv

= —Jﬁ/ Z smc f=V)T)o(f —v—nfo) Z sinc?(vT.)6(v — mfo) dv

P n=-00 m=—00

= Z Z/ sinc®((f — v)Te)sinc?(VTL)6(f — v — nfo)d(v — mfo) dv

n=—0o0 M=—00

= Nz Z Z sincz[(f - mfg)Tc]sincz(mfoTc)é(f —mfo—nfo)

n=—0o0 Mm=-—00

= 71 2 2 sinc(nfoTo)sinc(mfoTe)6(f —mfo — nfo). (4.30)

n=—00 M=-—00

Let | = m + n, then Eqn. (4.30) becomes

sl(f>®sk<f>
= N2 S Y sinnfiTsindl(l - ) T  Lfo) (4.31)

l=—0c0on=—00

Now look at the term of I = 0 in Eqn. (4.31)

]—Vl—z z sinc?(n foTe)sinc?[(—n) foT:)]6(f)
n——'lw oo
= Z sinc (nfoT.)d(f)
= o 2 sinc*(3)3(f). (432)

Since N is the number of chips in one period of the PN sequence, we may assume that

N > 1. In this case the sum of the series can be calculated by integration.

% i sinc4(%) = /‘°° sz'nc4(x) de. (433)

n=-00 —x
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Figure 4.3: Disecrete Spectrum of Multiple Access Interference

where Az = 1/N in Riemann sum [Olm61].

Since the following definite integral is known:

© gint(z) ,  2m
/_ a= T (4.34)

A simple manipulation yields the relation

/oo sinct(z) dz = % (4.35)

—00

Then the { = 0 term in the summation of Eqn. (4.31) is simplified as

o Y sin(nfuTsine{(~m) ATI6()
=7 3 sinTII) = pad(f) (436)

Eqn. (4.36) is illustrated by Fig. 4.3. The left hand side of Eqn. (4.36) is the summation

of the frequency components at 0, + ! + 2 + 3 e

NT.,”” NT,.’
Now consider the second term of [ = 1 in Eqn. (4.31)

1 3 sin(nfuT)sind (1 - mATNE( — ) (w37)

n=-—oo
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From Fig. 4.3, we can see that the summation of the second term is the frequency component

at f = 0 multiplied by itself, plus the frequency components at f = nT multiplied by

its mirrored adjacent component on the right, where n = £1,+£2,---, or eauivalently, the
frequency component multiplied by its left adjacent component since the signal spectrum
is symmetric for real signals. In spread spectrum technology, the system parameters are so
chosen that the spread spectrum bandwidth is much much larger than the FM bandwidth,
or the processing gain is very large. And the period of the PN sequence is in the order of 10°
or larger. Therefore, the line spectrum is densely spaced within the main lobe of the spread
spectrum. Within our band of interest, which is determined by the FM bandwidth, the
spectrum of S1(f) ® Sk(f) can be considered “flat”, especially when Nyquist pulse shaping
is used. This concludes each line spectrum has the same amplitude. The power spectral
density of the multiple access interference is also “flat”. Therefore, the summation of n for
each [ in Eqn. (4.31) is approximately equal to the result given by Eqn. (4.36). This is a
very good approximation for [ <« N, which is true for a well designed FM/CDMA system.

Therefore

Tl.’

SUN®SH) = Y 5mb(f ~ o), (4.38)

n=-n'

where n’ is determined by the FM bandwidth BWg .
Let the chip rate R, be reciprocal of the chip duration, i.e.

1
Define the system processing gain PG to be the ratio of the chip rate and the FM bandwidth,
ie.
R,
PG = . .
G BWrns (4.40)

The maximum value of n (n') can be expressed in terms of the system processing gain PG

and the CDMA frame length N

f < BWrun/2. (4.41)
Then

nfo < BWra/2. (4.42)
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Therefore
BWgy BWprpyNT. NBWpeym
- 2fy 2 2R, (4.43)
Therefore
, NBWgpm N
= = = 4.44
n nma.:z: |. 2Rc J |.2PGJ ? ( )
where |-| represents the integer part of a real number.
Now Eqn. (4.29) can be simplified to a finite summation of n from —n' to n’.
K n
S = 3 ¥ |50 - nfo)] ® Sym(f)
k=2n=-n'
K n'
- > Y 5 o = o) S ] = ) do
- i 5 L s o) G f [2”(”"’)] d
k=2n=-n' 3N BWF‘M/ 0 Df
o & BWrum /2 2r(f — v)
- D Z n;ﬂ/ / [—'Df_ §(v — nfo) dv
_ Z Z“: f [27r(f nfo)] (4.45)
= ' .
SNDf k=2 n=—n’ f

where BWg)s is the FM bandwidth of the transmitted signal, which is equal for all users.

Assume each received multiple access interference has equal signal power due to perfect

power control. Then P, = A2/2.

Therefore,
_m(E-D4E & _‘iﬂ)
Si(f) = 3NDf n_z-n’ fm [ D; ] (4.46)
Substituting Eqn. (4.28) into Eqn. (4.46), yields
Si(f) = Z Stmb(f —nfo). (4.47)

At this point, we consider the following two cases:
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Figure 4.4: PSD of MAI in the Upper Bound

4.5 Upper Bound (Non-Overlapping Spectra)

The FM/CDMA parameters are chosen such that the multiple access interference spectra

do not overlap between adjacent discrete components as shown in Fig. 4.4. In this case the

following relationship must be satisfied:

1 BWppm
> . .
NT.Z 2 (4.48)
From Eqn. (4.39), the above equation can be written as:
R. . BWrMm
—_— 2> . .
¥ 23 (4.49)
Or equivalently
2R,
N<L = . .
S BWen 2PG (4.50)

As long as the processing gain PG is larger than half of the CDMA frame length N, the

FM spectra will not overlap with one another. Each discrete frequency component occupies
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the same spectrum bandwidth, which equals the FM bandwidth. This implies n’ = 0 in Eqn.
(4.38), where only the term with n = 0 survives. By Eqn. (4.47), the power spectral density
of the multiple access interference is just the replica of the FM power spectral density, with
only a difference of a constant, so

T Spmal) (451)

Si(f) =

In this case, the power spectral density of the multiple access interference is actually
the summation of the power spectral density functions of all the interferers. It is inversely
proportional to the CDMA frame length N. For system operating near the upper bound
point, N cannot be too large in order to satisfy Eqn. (4.50). but if N is too small, the

multiple access interference will increase.

4.6 Lower Bound (Full-Overlapping Spectra)

The FM/CDMA parameters are such chosen that the FM spectra overlap not only with
the adjacent discrete frequency components, but also overlap with other discrete frequency
components all over the FM spectrum as shown in Fig. 4.5. In this case, the resulting
spectrum is continuous and flat. The following condition must be satisfied:

1 BWgp

NT. < 5 (4.52)
Equivalently
N << 5 (4.53)
or
2R,
N> BWens 2PG. (4.54)

When the CDMA frame length N is greater than twice the system processing gain PG,
the resulting power spectral density function of multiple access interference is characterized

by a continuous and flat spectrum. By Eqn. (4.47),

Si) = g 3 Spmalf = nfo). (4.55)

n=-n'
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Figure 4.5: PSD of MAI in the Lower Bound Case

The power spectral density function of the multiple access interference is the summation

2 R,
of the sampled version of the FM spectrum at f = 0, :t&, i%, :l:3—Nc, .

constant, which is proportional to the number of interferers K —1 and inversely proportional

- -, multiplied by a

to the CDMA frame length N. The parameter n' is given by Eqn. (4.44). Now n' is very
large according to Eqn. (4.54). For simplicity, let n’ — co. Then Eqn. (4.55) becomes

SN =22 S Spmalf —nfo). (4.56)

n=-—oo

The summation can be evaluated by integration

2 Y Smalf—nfo)= [ Spms(f ~3)ds, (4.57)

n=-—o0o

where Az = R;/N in Riemann sum [Olm61].
Let v =z — f, then

/_ °:° Stms(f —z)dz = /_ °:° Stm (V) dv = /_ °; Stm (V) dv. (4.58)

The last step is deduced from the property that the power spectral density of a real signal

is an even function in the frequency domain. The integral of Eqn. (4.58) is obviously the
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power of FM signal, P, = A2/2. Therefore, the power spectral density function of the

multiple access interference in the lower bound case can be written as:

K-1

Si(f) = 3R Py (4.59)
- % (4.60)

1 KP
= Ekz:; - (4.61)

The power spectral density of the multiple access interference is proportional to the
total power of all the interferers and inversely proportional to the chip rate. In this case
the CDMA frame length has little effect on the system performance if it is chosen to be
long enough. The line spectrum is very densely spaced in the main lobe of the PN sequence
spectrum. The larger the N, the more interference power is filled into the FM bandwidth.

As N — oo, the worst case occurs, and the lower bound of the system capacity is reached.

4.7 Input and Output SIR for Upper Bound

The spectrum of angular modulated signal had been a subject of much investigation
[Pra69], [Jak93]. Prabhu calculated the angular modulation spectra for Gaussian Modula-
tion. Gans calculated the spectra of angular modulation spectra by means of Poisson’s sum
formula. Both resulted in an identical power spectral density curve at baseband frequency.
The power spectral density curve is almost flat within the baseband bandwidth. Assume

the power spectral density function is recfa.ngula.r shaped within the FM spectrum.

A f
Stms(f) = 5 BWorr ( BWFM) ; (4.62)
where W W
f _ 1 - < f S —_—
() = 2 2

0 otherwise.
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? II(f/W)
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Figure 4.6: Rectangular FM Spectrum

Following the approach of Couch [Cou93], the power of the multiple access interference

can be calculated.

QO

7 = / oo P 52m 1 Bt S ()
—17!'0 2
~ 3NAZ / F*Sm(F) df

(K -1)C*B3

= TONBWen (4.63)

where ZE is the received power of multiple access interference, B is the bandwidth of the
speech signal, and C is a constant introduced by the FM demodulation.
After FM demodulation, the received baseband voice signal power can be easily calcu-

lated
— CD\?——
2 — -—f 2
P ( Z ) (D), (4.64)
where m(t) is the recovered baseband signal.

. . . S
Therefore, the output signal to interference ratio (T)wt can be expressed as:

— 2.9

S _ s2 ( 27 )'m
(Flout = 2= K-DOB (4.65)

OINBWrMm
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Note that
Dy jB
—_— = — 4.66
where V), is the peak voltage of the modulating signal. Then
INBWry B2 B2 (—)?
Gl = =
I’ (K -1)B3
ONBWruB (i )?
= Ve (4.67)
(K-1)B
By Carson’s rule
BWpgy =2B(8 + 1), (4.68)
then
S I8N(B + 1)3*Tm 2
- = — ()" 4.69
Rewriting the above equation in terms of the chip rate R, and the processing gain PG
yields
R,
= = — 4.7
BWry =2B(6+1) = 57, (4.70)
or
B+1) = SBPC" (4.71)
Therefore
S _ IN R, R, 9 Mo
(I)‘"“—(K—l)PG(B)(:‘ZP_GB 1) (V},) - (4.72)

For a fixed chip rate R, the larger the processing gain, or the narrower the FM bandwidth,
the smaller the output signal to interference ratio. The output signal to interference ratio is
proportional to the CDMA frame length N. The longer the CDMA frame length, the larger
the output signal to interference ratio. However, N can not bg arbitrarily large because
Eqn. (4.50) has to hold in the upper bound case.

The input signal to interference ratio is

KX

fl5]
!

(?)m = (4.73)

[\

15

-«
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The input signal is the constant envelope FM signal

— A2
32 ===

=5 (4.74)

The input interference power is

7= [sna

)
/-BWFM/Q (K - 1)
~ JoBwew2 3N

K_ 1 BWFM/2

= — Stm d
SN Jswer 2 rm(f) df

K —1A?

=% 4.75
3N 2 (4.75)

Therefore, the input signal to interference ratio can be written as:

(‘f‘)in = % (4.76)

<00

Sfm_b(f) df

Note that this input SIR is similar to the digital case given by Eqn. (3.3), where PG
is the processing gain and here N is the frame length or code repeat period of the code
sequence. The input signal to interference ratio is inversely proportional to the number of
interferers. The input S/I has to be large enough above the FM threshold. However, a good
FM/CDMA system design should guarantee a large output S/I. Normally, it is around 20
dB. And the input S/I is not too far away for the FM threshold. For FM demodulation
without threshold extension, the threshold value is about 8 dB. If the system operating
point is around 12 dB, the output S/I is still 8 dB higher than the input S/I. Therefore,
the system capacity is determined by the output S/I. Both the input S/I and the output

S/I is in proportional to N, the CDMA frame length. N should be chosen according to
Eqn. (4.50)

N =2PG. (4.77)
Combining Eqn. (4.69) and Eqn. (4.76), we obtain the output and input S/I ratio
(8/1)out 2 T
Dout 68+ 1)F2 ()2
G = S6+DE)
= (B R oy
= (pep)zpeB ~ V()" (.78)
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4.8 Input and Output SIR for Lower Bound

When the multiple access interference passes through the differentiator, the power spec-

tral density function is multiplied by |j2n f|?

Sulf) = (g Pli2m SIS, («.79)

The receiver output contains the low-pass filtered version of the multiple access interference.

Combining Eqn. (4.60) and Eqn. (4.79), the interference power is

C? B (K —1)A?
3A2 3R,

_ B
7 = [_B Si(f) df =

(K - 1)C?B3
R (4.80)

With Eqn. (4.64) and Eqn. (4.66), the output S/I is

(T)O'ut = ;—-Z- = K_—IF(VP)Z' (4.81)

By using Eqn. (4.71), the output S/I is

9 R, R, 1)
(B Grgs - VT (4.82)

S
(T)o'ut = K

The lower bound output SIR, Eqn. (4.82), and the upper bound SIR, Eqn. (4.72),
are extremely similar. The only difference is N is replaced by PG in the first fraction
term. However, since N is greater than twice of PG as confined by Eqn. (4.54) for the
lower bound approximation, the output S/I is actually smaller than the upper bound case.
The deduction of the output S/I is a factor of the ratio of the CDMA frame length and
the processing gain N/PG. Combining Eqn. (4.60) and Eqn. (4.74),the input signal to

interference ratio is

(§). = i = A:/2
3 R,
T K-D@B+)) (B)- (483)
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With Eqn. (4.71)

S 3PG
(T)in =x_-1 (4.84)

Note that this input SIR is the same as the SNR for the interference limited case of a digital

CDMA system given by Eqn. (3.3). The input SIR in the lower bound case is closer to the
FM threshold than in the upper bound case. The output and input S/I ratio is

(S/1)out
(S/I)in

3R, R, v
PGB)(ZPGB 1) (Vp) )

= 6(8+1)(57)2 = ( (4.83)
v,
4.9 Comparison of Upper Bound and Lower Bound

It is desirable to compare the output SIR in the upper bound and lower bound cases.

Rewriting the left hand side of Eqn. (4.72) and Eqn. (4.82) yields

S 9N |, R,

R, ™
(Pows = 721555 5pes - V(P (4.86)
and
S 9PG , R, R, ™
(Plowtr = =3 pap) 5pGE ~ 1)2("5)2- (4.87)
Therefore
(S/I)outU _ l
/Mo ~ PG (4.88)
By Eqn. (4.76) and Eqn. (4.84)
(S/I)inU _ _]_V_ (4.89)

(8/D)int ~ PG’

Since the CDMA frame length N is usually greater than the processing gain PG, the
upper bound case can obtain larger output SIR than the lower bound case. However, by
Eqn. (4.77), the maximum SIR difference is 3 dB. For input SIR, the system operates
further away from the FM threshold for the upper bound case. Again, the input SIR
difference between the upper bound case and the lower bound case is 3 dB. Still this 3
dB SIR difference is not guaranteed when the cross-correlation between the PN sequences
of different users can not be neglected. Pursley etc. [Pur79] studied the properties of the

auto-correlation function and the cross-correlation function of the random PN sequences.
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Table 4.1: System Parameters

Spread Spectrum Bandwidth B,; (MHz) | 10
PN Sequence Chip Rate R, (Mcps) 8
Typical Voice Bandwidth B (Hz) 3400
IF Bandwidth BWgjs (kHz) 25
Processing Gain PG 320
PN Sequence Frame Length N (chips) 2000
Number of Users K 24

A lower bound of the cross-correlation was obtained, which relates the lower bound of
the cross-correlation to the CDMA frame length. From this analysis, the cross-correlation
is inversely proportional to the CDMA frame length N. The shorter the frame period,
the larger the cross-correlation, and thus the larger the multiple access interference. For
orthogonal spreading sequences, the cross-correlation is always zero if good synchronization
is achieved. However, orthogonal codes have poor performance in multipath fading channel
environment. Only one bit of change in the orthogonal code caused by the channel fading
can eliminate the orthogonality, and the cross-correlation functions contribute significantly
to the total received signal and thus increase the interferences level.

Fig. 4.7 compares the upper bound and the lower bound output SIR versus the number
of users. Fig. 4.8 compares the upper bound and the lower bound output SIR versus the IF
bandwidth. These plots are drawn for the following parameters listed in Table 4.1, unless
specified otherwise. In Fig. 4.7, the number of users is not fixed at 24 but varies from 10
to 60 while keeping the IF bandwidth to be 25 kHz. In Fig. 4.8, the number of users is
24, while the IF bandwidth varies from 15 kHz to 60 kHz and the processing gain varies
from 533 to 133. In both two plots, the upper bound output SIR outperforms the lower
bound SIR by 3 dB by choosing the upper bound CDMA frame length N to be twice the
processing gain PG. The same 3 dB advantage shows in the upper input SIR as illustrated
in Fig. 4.9 and Fig. 4.10. In Fig. 4.9, the input SIR is 16.2 dB for 24 users for a 25 kHz
IF bandwidth. It is still above 12 dB when the system is loaded with 60 uses. The save
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observation holds in Fig. 4.10 where the input SIR reaches 16.2 dB at 25 kHz IF bandwidth
and 12.5 dB at 60 kHz IF bandwidth with 24 users.

4.10 Comparison of FM/CDMA to Fully Digital CDMA

The performance of digital CDMA has been extensively studied using the Gaussian
approximation [Pur77], according to the central limit theorem [Sta94], or using the improved
Guassian approximation [Mor89] to improve the accuracy at low Bit Error Rate (BER). A
simplified expression for the improved Gaussian approximation was obtained to reduce the
computational intensity [Lib95].

By Gaussian approximation, the variance o2 of multiple access interference plus Gaus-

sian noise is given by

PGT? & NTy, Ty (T. &
o? = ick=2pk+ sz?b(?c’;zﬂ,-i-%&), (4.90)
wherer T is the chip period of the signature sequence, T} is the data bit period, PG is the
processing gain defined as PG = T/T,, K is the number of users, and Py is the received
signal power of user k.

In FM/CDMA system, now consider the lower bound case in the presence of Gaussian

noise process. According to Eqn. (4.61) and Eqn. (4.11), the power spectral density of

interference plus noise S(f) can be written as:

1 X 0 X No
Sy =S +Sv(l =3 2 B+ 5 =52 P+~ (4.91)
C k=2

2 3
Compare Eqn. (4.91) with Eqn. (4.90), the FM/CDMA system is very similar to the fully
digital CDMA system, characterized by the common equivalent power spectral density

K
N
term ?c Z P + 70' A factor of 2 difference arises from the manipulation that signal is
k=2
first downconverted from bandpass to baseband before despreading and passing through a

correlation receiver in the digital CDMA system.
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4.11 Chapter Summary

In this chapter, we have derived expressions for the input and output SIRs for a hy-
brid FM/CDMA system. The derivation made use of the assumption that the signature
sequences of different users were uncorrelated. Expressions for two separate cases were con-
sidered, corresponding to the cases where the spectral replicas of the FM signal overlapped
and did not overlap with one another. Although both cases resulted in similar expressions,
it was found that the SIRs for the two cases could differ by as much as 3 dB. The perfor-
mance of FM/CDMA is compared with that of the fully digital CDMA system and both
systems have similar performance. In the next chapter, we consider the implications of this

theoretical FM/CDMA system for WLL applications.
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Chapter 5
A Model for a Hybrid FM/CDMA WLL System

5.1 Background

The research described in this thesis has been performed for a telecommunication com-
pany that is targeting telephone service for developing countries where no wireline service
is available. This system employs a unique hybrid FM/CDMA system, with its advantages
of low cost of handsets and base stations, landline grade voice quality, ease of system im-
plementation, and potential for further capacity growth. The system is initially designed
for fixed user phones with a potential for a smooth transition to fully mobile system by
replacing the current DSP chips with more sophisticated ones which incorporate a vocoder,
QPSK modulator, and error correction coding. The capacity growth can be implemented

by employing sectored antennas, cell splitting and full digital demodulation.

5.2 System Description

The complete system operating protocols for the WLL system are proposed in [Sig95]
including the network management. This research, however, focuses primarily on the physi-
cal layer operating principles of traffic channels. Inspired by the success of AMPS and IS-95
cellular standards, the WLL system structure is shown in Fig. 5.1 and Fig. 5.2.

5.2.1 Transmitter Structure

The input voice is first converted from analog into digital signal by an A/D converter,
which samples at 8 kHz. The digitized voice signal is compressed by a 2:1 dB compressor

to accommodate a large speech dynamic range. The compressed signal is filtered by a pre-
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emphasis filter which has a 6 dB/octave highpass frequency response between 300 Hz and
3.4 kHz. The output of the pre-emphasis filter drives an FM modulator which samples at
64 kHz with a 16 kHz carrier frequency and an IF bandwidth of 25 kHz. A digital pilot tone
is used as a frequency reference to achieve synchronization and a power level indicator to
implement the power control. The combined FM signal and pilot tone are converted from
digital form into analog form by a D/A converter. The FM signal is multiplied by a 8 Mcps
spreading sequ;ance which is repeated every 2000 chips. The PN sequence is pulse shaped
by a square root raised cosine filter with a roll-off factor of 0.35 to conserve the bandwidth.
In the forward channel, i.e. from the base station to the users, the base station handles
a number of calls simultaneously. The spread signals from different channels are summed
up and then up-converted to RF at 2 GHz. The RF signal is amplified by a linear power
amplifier in order to reduce the phase distortion and preserve the pulse shape.

The system is designed to implement companding, pre-emphasis/de-emphasis, FM mod-
ulation/demodulation and pilot tone in a DSP chip. This allows further upgrading to QPSK
modulation/demodulation and sophisticated coding/decoding and interference cancellation

for further capacity improvement by employing new DSP chips so that little change of

system configuration is necessary.

5.2.2 Receiver Structure

The received signal is amplified, and filtered at RF frequency. Then it is downconverted
to IF frequency after passing through a bandpass filter. The desired user’s signal is extracted
from the composite signal by multiplying the uniquely assigned PN sequence of the desired
user and passing through an IF bandpass filter. The FM signal is demodulated in digital

form. After passing through a de-emphasis filter, expander and baseband low pass filter,

the original baseband signal is recovered.
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5.3 System Performance

The tentative operating parameters for the WLL system are summarized in Table 5.1.
The remainder of the results in this chapter employs these parameters unless otherwise
specified. Since N > 2PG, the system is operating near the lower bound. Without pre-
emphasis/de-emphasis and companding, the input SIR and the output SIR can be calculated
according to Eqn. (4.84) and Eqn. (4.82), assuming a differentiation FM demodulation

scheme is used.

Table 5.1: Tentative System Parameters

Spread Spectrum Bandwidth B;; (MHz) | 10
PN Sequence Chip Rate R, (Mcps) 8
Typical Voice Bandwidth B (Hz) 3400
IF Bandwidth BWgys (kHz) 25
Processing Gain PG 320
PN Sequence Frame Length N (chips) 2000
Number of Users K 24

In Eqn. (4.84), the input SIR is proportional to the PG, whereas in Eqn. (4.82),
the output SIR decreases as PG increases. The operating point is selected based on the

following tradeoff:

1. The system should be working in an input SIR range well above the FM threshold
T, =12 dB.

2. The voice quality must be acceptable, which is measured by an output SIR being
greater than v = 18 dB.

By Eqn. (4.84), let

3PG
K—1 > Th. (5.1)
Or
pgy KBV (5.2)
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For 24 users

PG > 122. (5.3)

By Eqn. (4.82), let

Y B AT
K—1B 2PGB v,

)2>7. (5.4)

. ™
Solving for PG, given a typical value of the normalized power of a voice signal (7)2 =0.02,
p
yields

-1

R, vK-1)B 1

< = +1
PG - 2B ch (2)2
Vo
< 413 (5.5)
Combining Eqn. (5.3) and Eqn. (5.5),
122 < PG < 413. (5.6)

For tentative parameters, PG = 320. The input and output SIR’s are:
S
(T)m = 16.21dB, (5.7)

and

(?)m = 21.20dB. (5.8)

If the IF bandwidth is 30 kHz, the processing, in this case, PG = 266.67. According to
Eqn. (4.84) and Eqn. (4.82), ‘

(%)m = 15.41dB, (5.9)
and

S

(F)out = 23.31dB. (5.10)

Fig. 5.3 plots the theoretical curve of output SIR versus the number of users based on

the parameters above with sinusoid modulation, where (;)2 = 0.5. It can be seen from
P

Fig. 5.3 that the output SIR in dB drops fast as the number of users increase from 1 to 20.
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But it is fairly slow when the number of users is within 40 to 60. For the number of users
being 25, the output SIR can reach as high as 35 dB.

Fig. 5.4 plots the theoretical curve of output SIR versus the IF bandwidth based on the
parameters above with a sinusoid modulation. The output SIR in dB increases as the IF
bandwidth increases. For an IF bandwidth of 25 kHz, the output SIR can reach as high as
35 dB.

For human voice, the normalized power of baseband signal is usually smaller than that
of a sinusoid. The output SIR is smaller than the sinusiod modulation case. However,
with pre-emphasis/de-emphasis technique, the output SIR can be increased by about 16 dB
[Cou93], which greatly enhances the voice quality.

Fig. 5.3 and Fig. 5.4 are valid only when the input SIR is above the threshold of FM
modulation. A typical value for the FM threshold in the presence of AWGN is about 8 dB.
However, the multiple access interference for FM/CDMA modulation is not identical to a
Gaussian noise. The threshold might be slightly different from that of a conventional FM
demodulator.

Fig. 5.5 plots the input SIR versus the number of users in the system for an IF bandwidth
of 25 kHz. The input SIR drops very fast as the number of users increases from 2 to 20.
When the number of users increases above 30 but less than 60, the input SIR is still above
a typical threshold value, which is approximately 8 dB for differentiation demodulation.

Fig. 5.6 plots the input SIR versus the IF bandwidth for 24 users per cell. The input
SIR decreases almost linearly as the IF bandwidth increases. For a 25 kHz IF bandwidth
the input SIR is about 16.2 dB. When the IF bandwidth increases from 35 kHz to 60 kHz,

the input SIR is still above the desired operating point of 12 dB input SIR, but still above
the FM threshold value.
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5.4 Chapter Summary

In this chapter, we have described a model for a hybrid FM/CDMA WLL system. We
have analyzed this system using the analytical method developed in Chapter 4 in order to
find the operating point for the system which maximizes the capacity given a desired set of
performance requirements. It was shown that the optimum choice of the IF bandwidth was
30 kHz and the optimum choice of the processing gain was 267, which is fairly consistent
with the value PG = 320 chosen by SigTek in their initial system design. In the next

chapter, we undertake a more detailed simulation study to confirm these analytical results.
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Gaussian Noise for 25 kHz IF Bandwidth with Sinusoid Modulation
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Chapter 6

Simulation Approach and Results

Since the changes in hardware structure are very expensive and time consuming, while
changes in software can be implemented quickly and easily, at early stages of a practical sys-
tem development, a software test-bed is often generated to evaluate the effect of parameter
changes on the system performance [Jer92]. Based on the system model of Chapter 5 and
the communication fundamentals presented in Chapter 2 and Chapter 3, a modular pro-
gram was developed in Matlab on Sun SPARC station platform to model this FM/CDMA
system. The speech quality was also examined via an audio tool on the workstation.

The purposes of developing the software test-bed are:

1. To establish an FM/CDMA model to investigate the system mechanism and demon-

strate the system performance.

2. To optimize the system performance through the selection of FM demodulation schemes

and the tradeoffs in the frequency modulation index and the spread spectrum pro-

cessing gain.
3. To investigate the system tolerance to overloading and unexpected interference.

In this chapter, four types of FM demodulation schemes - differentiator, quadrature,
arctangent and phase locked loop were examined by calculating the output SNR in a white
Gaussian noise channel environment. The effect of 2:1 dB companding on FM modula-
tion/demodulation was also investigated. Major emphasis was placed on the simulation of
FM/CDMA system performance because of the high calculation-intensity nature of CDMA

simulation. The simulation based on the tentative parameters of an FM/CDMA system
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takes much memory and CPU time even for a few seconds of speech samples. We are pri-
marily concerning two aspects of FM/CDMA system performance. One is how the system
performance is affected by the choice of IF bandwidth of FM modulation. The other is
how the system performs as the number of users increases. The system performance is

investigated for both the forward link and the reverse link.

6.1 Simulation Approach

The system model is developed in Chapter 4 and Chapter 5. Results from the theoretical
analysis of Chapter 4 and Chapter 2 are used as a guidance to organize the simulation.

All the simulation are carried out using a voice sample recorded by the audio tool on
the work station. The male-tone voice is sampled at 8 kHz. The voice lasts about two

seconds. Fig. 6.1 plots part of the voice signal. The normalized signal power of this voice

sample (%)2 = 0.02. Prior to the frequency modulation, the voice sampling frequency
is interpolated to 64 kHz to reduce aliasing. In order to match the chip rate of the PN
sequence, the 64 kHz FM signal is further interpolated to 8 MHz. The spread signal is
sampled at 32 MHz to reduce aliasing in signal processing.

For FM, information is contained in the signal phase. It is very important to avoid the
phase distortion when using DSP techniques. An FIR filter exhibits a linear phase response
and is favored in the simulation. Matlab also provides another powerful filtering technique
which filters the signal sequence from two opposite directions and thus eventually eliminates
phase distortion.

Memory management is crucial due to the high chip rate of the PN sequence. The voice
sample of each user is divided into several smaller segments. Simulations are run on each
segment and the final output voice is the combination of all the segmented outputs. One
side effect of segmentation is introduced by the imperfect estimation of the final conditions
of each segment, which in turn degrades the simulated results. The longer a segment of

samples, the better the simulated results. In order to hear to examine the output voice
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quality, two seconds of output voice are desired. A two second voice sample for each
user would require excessive computation resources when the FM/CDMA system is heavily
loaded. However, like other CDMA systems, the output voice quality of all users in the
FM/CDMA WLL system are identical to one another if perfect power control is achieved.
Based on this observatidn, instead of examining the output voice quality of only one user,
the output voice of all users is examined by concatenating each output voice into a whole
series. This technique saves valuable computation resources.

Signal to noise ratio is calculated based on the estimation theory given in [Jer92]. After
a signal passes through a system, it is corrupted by noise. The output signal y(t) is a Least
Square Estimation (LSE) of the input signal z(¢). The condition gives

2
(%)out = %?R%y’ (6.1)
where Rgy is the maximum value of the cross-correlation function between the input signal
z(t) and the output signal y(t) of the system: Rz, = maz {E [z(t)y(t + 7)]}, P; is the
power of the input signal z(t): P, = FE [zz(t)], P, is the power of the output signal y(t):
P,=E [y2(t)].

Another approach to calculate the output SNR/SIR is by signal subtraction. Suppose
the original baseband signal is m(t), the recovered baseband signal is m(t). Assume the
signal and the noise are independent through the modulation/demodulation process. The
recovered signal can be expressed as the original signal multiplied by a constant plus the
channel noise:

(t) = em(t) +n(t), (6.2)

where c is a constant and n(t) is the noise. Normalizing the constant ¢ yields
m(t) = m(t) + a(t). (6.3)

The noise power is calculated by E{[ma(t) — m(t)]?}. Note the normalization is done by
dividing the maximum absolute value of 7i2(t) because we have no prior knowledge of cm(t).

The original signal is also normalized to one. However, since the noise is a random process,
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there is a probability that a particular sample of noise is larger than the signal amplitude
at that particular time and the sum of the signal and the noise is the extreme value of the
sequence. For this instance, the rest of the recovered sequence may differ from the original
sequence by a noticeable factor. The subtraction cannot remove all the information signal
but correspondingly increased the noise power. On the other hand, when the signal and the
noise are not independent, as in the case of the arctangent demodulation, the normalization
tends to introduce larger error. For these considerations, the SNR/SIR calculations are

carried out based on the first approach throughout this thesis.

6.2 Simulation Results for FM System

In the following simulation of FM demodulation schemes, the IF bandwidth is fixed at

25 kHz, The bandwidth of the voice signal is assumed to be 3400 Hz. The normalized signal

power is measured to be 0.02.

6.2.1 Differentiator Demodulation

Fig. 6.2 plots the curve of the output SNR versus the input SNR for the differentiation
demodulation scheme and compares with the theoretical curve given by Eqn. (2.40). Com-
panding is not used in this case. The theoretical curve agrees very well with the simulation
curve. In Fig. 6.2, a threshold is observed at about 8 dB of input SNR. Below the threshold,
the output signal quality deteriorates significantly. Above the threshold, the output SNR
approximately increases linearly to the input SNR with a unity slope. This is verified by
listening to and comparing with the output sound quality. The output SNR is 17.3 dB for
a input SNR of 12 dB.

Fig. 6.3 plots the output SNR versus the input SNR and evaluate the effect of com-
panding. It is clear that companding does not affect the threshold value. The output SNR
with companding is greater than that without companding case at low input SNR values,

but smaller at high input SNR values. Saturation of output SNR is observed when com-
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panding is applied. In our simulation, the 2:1 dB compressing is implemented by taking the
square root of the signal and expanding is implemented by squaring the signal. Simulation
concludes that the nonlinear operation leads to the saturation of output SNR.
Investigation of the companding process is significant because, with the knowledge of
this effect, the FM/CDMA system performance is able to be predicted from one case to
the other. For an input SNR of 12 dB, the output SNR reaches 19.5 dB, which is 2.2 dB
superior to the no companding case. Therefore, companding is able to improve the system

performance at the desired 12 dB operating point.

6.2.2 Quadrature Demodulation

Fig. 6.4 compares the output SNR of quadrature demodulation to that of differentiation
demodulation when no companding is applied. The quadrature demodulation performs as
well as the differentiation demodulation. Fig. 6.5 plots the output SNR versus the input

SNR with companding. The quadrature again performs almost identical to the differentia-

tion demodulation.

6.2.3 Arctangent Demodulation

Fig. 6.6 compares the output SNR of arctangent demodulation to that of differentiation
demodulation without companding. The threshold is observed to be 8 dB, the same value
as a differentiation or quadrature demodulation. However, the output SNR value is about
3-5 dB less than the previous two demodulation schemes. Fig. 6.7 plots the output SNR

versus the input SNR with companding. The nonlinear effect is observed again but a 5 dB

lower saturation level-only 17 dB.

6.2.4 PLL Demodulation

Simulation of PLL is run on a sample by sample basis. The choice of parameters such as

loop gain and sampling period has very subtle effect in simulation results. A second order
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PLL is studied. The low pass filter is described by the following difference equation:
y(n) = apz(n) + a1z(n — 1) — biy(n — 1), (6.4)

where the coefficients of the transfer function are:

Ts + 21
— rez 6.5
0 a1T3 -+ 27'1 ’ ( )

Ts - 27‘2

Qg = ————
V7T T, +2m

|
—
g
(=]
~—

and

a1T3 - 27 1
= —. 6.7
bl a]_Ts + 27 1 ( )
The transfer function of the filter is described by

3) = ﬂ’ (6.8)
sT1 + o

where a1 = 1 for active filters and a; = 0 for passive filters, T is the sampling period. 7
and 7y are determined by the cut-off frequency of the low pass filter.

The difference equation of VCO is given by the trapezoidal integration:
A T o
f(n) = ?a[u(n) +v(n—1)]+8(n—-1), (6.9)

where v is the input signal of the VCO, 8 is the output of the VCO, which is used as a
feedback into the phase detector. The error output of the phase detector, e(n), is

e(n) = sin[f(n) — 8(n)], (6.10)
where 6 is the phase of the received signal.

Fig. 6.8 plots the second order PLL .demodulation without companding. Compared
with the differentiator on the same plot, the threshold is observed to be 6 dB, a threshold
extension of 2 dB is achieved. Fig. 6.19 plots the PLL demodulation with companding.
The output SNR is saturated at about 25 dB.

Compared with the four FM demodulation schemes, the differentiator and the quadra-
ture implementation show the same performance. The arctangent implementation shows

a low level of system performance. The PLL is able to achieve threshold extension and

performs the best.
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6.3 Simulation Results for FM/CDMA System

Having established a baseline model for FM demodulator performance, we now investi-

gate the results for the hybrid FM/CDMA system.

6.3.1 Forward Link

The forward link is a one to many transmission. The spreading sequence can be syn-
chronized for different users. It is possible in this case that orthogonal codes be used. SIR
is examined for both PN sequences and Walsh sequences.

The effect of the number of users on output SIR is examined. Fig. 6.10 plots the output
SIR versus the number of users with PN sequence spreading. The output SIR decreases
from 22.5 dB for 10 users down to 14 dB for 60 users. Since the minimum acceptable SIR
level is 18 dB, the system is able to accommodate up to 38 users. When the system is
loaded with 24 users, the output SIR reaches 20.5 dB. Compared with the theoretical curve
given by Fig. 4.7, the plot approaches the lower bound case.

Fig. 6.11 plots the output SIR versus different IF bandwidth with PN sequence spread-
ing. The output SIR increases from 14.2 dB at 15 kHz IF bandwidth and reaches a peak
of 19.8 dB at 25 kHz. The output SIR drops all the way down to 8.2 dB at 60 kHz. For a
desired output signal quality of 18 dB, the optimal bandwidth is 25 kHz for PN sequence
spreading. Compared with the theoretical curve given by Fig. 4.8, the system is operating
closely to the lower bound case for the IF bandwidth between 15 kHz and 25 kHz. Above 25
kHz, the theory predicts a continuous output SIR increase because the input SIR is always
above the 8 dB FM threshold as illustrated in Fig. 4.10, assuming the MAI of FM/CDMA
system in lower bound exhibits the same FM threshold. Three important factors contribute
to this discrepancy. First, the non-zero cross-sorrelations between different users increase
the background noise when the PN sequence frame is short. Second, as mentioned earlier
in the description of our simulation approach, the samples are broken into segments to fit

the computer memory. For 24 users, two baseband voice samples are processed each time.
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To achieve a final 32 MHz sampling rate after spreading, the baseband 8 kHz voice have
to be interpolated by 4000. Since the interpolation and decimation implemented in Matlab
are not completely inverse processes, errors may occur during these manipulations. Third,
the IF bandwidth is calculated by Carson’s rule, which promises 98% energy confinement.
However, distortion may occur for worse and worse as the IF bandwidth increases. The
SNR/SIR calculation approach described in Section 6.1 is based on the cross-correlation
between the input and the output voice signal. Any distortion will introduce dissimilarity
between the two voice signals. The output SIR is degraded by the distortion rather than
the noise. This conclusion is further supported by listening to the output voice quality.
As a result, the output SIR falls below the FM threshold. As the IF bandwidth increases,
the distortion caused by the interpolation/decimation and the Carson’s rule also increases.
Therefore the output SIR decreases. These factors will also affect other results in the rest
of simulation.

Fig. 6.12 plots the output SIR versus the number of users with Walsh code spreading.
SIR does not degrade as the number of users increases from 10 to 60. This is verified
via the audio tool. The sound quality of 10 users and 60 users are very good and in-
distinguishable from one another. As analyzed in Section 4.3, the Gaussian noise could
not be spread by a signature sequence. PN sequence exhibits some similarity to a white
Gaussian noise. Therefore when despreading, the power spectral density of the received
signal is little affected due to the uncorrelated property of PN sequences. But for Walsh
sequence spreading/despreading, the spectra of the interfering signals are further spread by
the Walsh sequence of the desired user. The contribution of the interfering spectra after IF
band filtering is much less than that spread by a PN sequence.

Fig. 6.13 plots the output SIR versus different IF bandwidth with Walsh code spreading.
The output SIR increase from 23.8 dB of 15 kHz IF bandwidth to a peak of 26 dB at 35
kHz. The output SIR falls off quickly down to 12.5 dB at 60 kHz. For 24 users, the IF
bandwidth can extend to 35 kHz with a best output voice quality. Again the same reason

as in Fig. 6.11 causes the voice degradation below threshold. Noting that the FM signal is
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modulated by the Walsh sequence, orthogonality will not hold when phase reversal of FM

signal occurs.

6.3.2 Reverse Link

The reverse link is a many to one transmission. The received signal is not synchronized
on a chip period level. It is well known that Walsh code is not a good choice in reverse link
spreading due to the random delay of signals’ arrival. In IS-95, Walsh code is used in the
reverse link as data modulation instead of spreading. Our primary concern is the system
performance under PN sequence spreading.

Fig. 6.15 plots the output SIR versus the number of users in the system. The output
SIR decreases from 23.5 dB for 10 users down to 17.3 dB for 60 users. Compared with Fig.
6.11, the output SIR is slightly better than the synchronous case. This is due to the fact
that the multiple access interference is averaged if the PN sequences are not aligned to each
other.

Fig. 6.16 plots the output SIR versus the IF bandwidth with PN sequence spreading.
The output SIR increases from 9.5 dB at 15 kHz to a maximal value of 21.8 dB at 25 kHz.
The output SIR decreases slightly as the IF bandwidth increases up to 60 kHz. Therefore,
for asynchronous reception, the IF bandwidth does not effect the system performance very
much.

Power control is another key issue in CDMA applications. The system capacity is
significantly affected by the variance of the received signal power. In this section, the
FM/CDMA system performance under imperfect power control scheme was examined. Fig.
6.17 plots the ability of FM/CDMA system to tolerate interference. The output SIR was
measured based on the system parameters proposed in Section 5.3. The variance of the
received power of 24 users varies from 0 dB to 8 dB. For the variance of the received power
less than 2.3 dB, the output SIR falls within the range of good voice quality. The output

SIR suffers a sharp roll-off when the variance further increases. As for a variance of 5 dB,

the output voice quality becomes unacceptable.
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6.4 Chapter Summary

In this chapter, we have discussed a simulation of an hybrid FM/CDMA system for the
WLL application. For the forward link, we found that Walsh code achieves extremely high
capacity. For the reverse link, it was found that the system design could support up to 30
users with acceptable output voice quality. One key use of the simulations is to verify the
operating point of the system. An IF bandwidth in the range of 25-40 kHz was found to
be optimal over most cases, a value which agrees well with both the design value of 25 kHz

and the analytically computed value of 30 kHz.
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Figure 6.1: Voice Sample
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Chapter 7

Conclusion

7.1 Summary

In this thesis, a unique hybrid FM/CDMA system for a WLL application is described
and investigated. Input and output signal to interference ratios are selected as objective
criteria to judge the system performance. Our main concern is two fold: improve the
system capacity and the voice quality. These two qualities are interrelated and form an
important tradeoff for a CDMA system design. The system performance was analyzed
through a theoretical derivation of the input and output SIRs. Closed form expressions
were obtained. Also, a software test-bed was developed to provide a realistic evaluation of
system behavior.

In the theoretical analysis, the FM/CDMA system is able to obtain the upper bound or
lower bound depending on the relative values of the processing gain and the frame length of
the spreading sequence. The maximum difference of output SIR between these two cases is
3 dB. Based on the tentative parameters, the system is operating close to the lower bound, if
uncorrelated codes are used to spread the FM signal. Contrary to conventional FM systems,
the input SIR of an FM/CDMA system is not related to the IF bandwidth in the upper
bound case because the power spectral density of multiple access interference is identical to
that of FM signal. Increasing IF bandwidth includes no extra interference power as long as
the CDMA frame length is less than twice of the processing gain. In the lower bound case,
the interference is approximated as white Gaussian noise. The system behaves the same as
a conventional FM system. Based on the theoretical analysis, a 30 kHZ IF bandwidth is
preferred. The input SIR and the output SIR are 15.4 dB and 23.3 dB respectively for 24
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users per cell.

An FM/CDMA simulator was developed in Matlab to allow variations of parameters to
search for an optimal operating point. High output SNR, low threshold and low complexity
are the main concern in selection of an FM demodulation scheme. Based on the experiments
of a voice sample modulation/demodulation, the differentiator and the quadrature scheme
exhibit almost identical characteristics. The PLL demodulator shows a 2 dB threshold
extension for a 25 kHZ IF bandwidth occupancy. However, the PLL implementation is a
higher cost solution. The arctangent demodulator performs slightly worse than the first
two, due to the interaction of the signal and the channel noise.

The effect of companding provides SNR gain at a lower level of input SNR. However,
saturation occurs due to the nonlinear operation of companding and the output SNR drops
below that of non-companding modulation. Threshold is not affected anyway.

The forward link and the reverse link system performance is examined on the test-bed.
In the forward link, the PN sequence and the Walsh sequence are applied separately to
spread and despread the FM signal. For the PN sequence, the output SIR decreases almost
linearly to the increase of the number of users, but finds a peak at 25 kHZ IF bandwidth.
For Walsh sequence, the output SIR changes little as the number of users increases, but
stays high between 25 to 35 kHZ of IF bandwidth. In the reverse link, only random PN
sequences are used to spread/despread the FM signal. Asynchronous reception enhances
the output SIR by 1-2 dB if the number of users is a variable parameter. Variation of IF
bandwidth from 25 kHZ to 40 kHZ slightly changes the maximal output SIR.

Tight power control is absolutely necessary for a good voice quality. The variance of

the received signal power should be less than 2 dB if the system is loaded with 24 users.

7.2 Future Work

So far the theoretical analysis and the software simulation are based on a signal cell

model. In a multiple cell layout, the interference from adjacent cells can still further degrade
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the system performance. The effect of multipath should also be extensively investigated.

The theoretical work assumes that FM/CDMA system operates above the threshold. In
the lower bound case, the system threshold is borrowed from conventional FM system. In the
upper bound case, however, the MAI features a discrete spectrum. Within the bandwidth
of interest, the MAI power spectral density is the summation of all the individual FM power
spectral density. What is the FM threshold for a non-Gaussian noise channel? How does it
affect the dynamic range of operating region? These issues need further investigation.

The system performance under different spreading code is of another interest. The selec-
tion of M-sequence or Gold sequence contributes differently to the power spectral density of
MALI, especially within the FM bandwidth and it eventually affects the system performance.

One final important issue remaining is the performance of actual hardware. Extensive
field trials on the Virginia Tech campus are being planned to investigate the performance of
the hybrid FM/CDMA WLL system later this year. Although the optimization of a WLL
network relies on the demography of the service area, the basic features of FM/CDMA WLL

system can still be verified, and these trials offer an opportunity to compare the theory and

the simulation to the field trial results.
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